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An ear type system and its circuit realization with application as new assistive devices 
are investigated. The auditory brainstem responses obtained from clinical hearing 
measurements are utilized for which the ear type systems mimicking the physical and 
behavioral characteristics of the individual auditory system are developed. In the case 
that effects from the hearing loss and disorder can be detected via the measured 
responses, differentiations between normal and impaired characteristics of the human 
auditory system are made possible from which the new noninvasive way of correcting 
these undesired effects is proposed. The ear type system of auditory brainstem 
response is developed using an adaptation of the nonlinear neural network 
architecture and the system for making a correction is realized using the derived 
inverse of neural network. Microelectronic circuits of the systems are designed and 
simulated showing a possibility of developing into a hearing aid type device which 
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Noninvasive means to correct hearing loss and disorder are proposed for which a 
new ear type system is developed with a realization of its circuit. This leads to an 
investigation of a new type of assistive device for the hearing impaired that helps to 
cancel and correct the effects from hearing disorder and potentially improves the 
hearing ability. In this introductory chapter, we summarize  
1. overview and motivation of the research 
2. main contributions 
3. organization of the dissertation 
  
1.1 Overview and Motivation 
With its complex and inaccessible structure, it is a difficult task to study the 
internal mechanisms of the human auditory system and treat any hearing loss and 
disorder. Various measurements have been utilized to learn more about the function 
of hearing organs and the sound interpretation process inside the brain for accurate 
diagnosis and proper treatment. Although, direct stimulation of the specific location 
inside the auditory system can be done on experimental animals, noninvasive ways 
are much more preferable especially for humans. Noninvasive means to correct an 
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Figure 1.1.  Block diagram of the proposed hearing aid technique 
in this research which paves a way for a possible development of a new type of 
hearing aid that should be a much more effective and beneficial assistive device 
improving the hearing abilities of the aid users. Unlike conventional hearing aids, 
whose amplifying gains are adjusted over some limited sets of frequency bands or all 
frequency bands according to the frequency specific audiometric thresholds measured 
with the standard pure tone audiograms, we take into account the physical and 
behavioral characteristics of an individual’s hearing function and hearing loss 
configuration and incorporate them into the hearing aid design. The idea initiated in 
[1]-[2] is that we create a mathematically representative ear type system descriptive 
of the human auditory system, particularly the auditory sensitivity and characteristics 
for which another ear type system inverse to this system can also be developed. As 
such, cascading the inverse system with the original system yields the identity output. 
The hearing aid, as shown in Fig. 1.1, is then composed of the connection of the ear 
type system with normal characteristics and the system inverse to the aid user’s ear 




cancelled and corrected. To some extent, the assistive devices such as eyeglasses and 
contact lens exemplify the proposed correct technique in which a pair of corrective 
lens is used to correct defective eyesight. The lenses correct the focus of the eyes as a 
result people wearing eyeglasses can see as if they had normal visions. 
 
In [2], modeling of the ear type system was made possible by using the 
stimulated acoustical emission signal that can be detected noninvasively in the human 
ears. The emitted signals are known as transiently evoked otoacoustic emission 
(TEOAE), also known as Kemp echoes after the first discovery by D.T. Kemp [3]. 
With its noninvasive property, inexpensive equipments, and fast testing time, the 
TEOAE is widely used as a tool to make a diagnosis and gain access into the 
functioning of the human auditory system from the external ear to the outer hair cells 
level inside the inner ear [4]. It is also effectively accepted as a reliable method for 
hearing loss diagnosis, hearing sensitivity evaluation and screening for both children 
and adults clinically used in hospitals today [5]-[9].  
 
Here we extend the study of human auditory system functioning beyond that, for 
which the use of the auditory brainstem response (ABR) is investigated. The ABR is 
an electrical signal measured on the scalp in response to the acoustical stimulation in 
the ear [10]-[17]. It reflects the synchronous activity of neurons within the human 
auditory system and tests the functions of the cochlea, auditory nerve and brainstem 
auditory nervous pathways. Its waveform, Fig. 1.2, lasts about ten milliseconds and 
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Figure 1.2.  An example of the auditory brainstem response (ABR) measured 
from an adult with normal hearing. Latency, measured in ms, is a time 
occurrence of the peak of ABR waves labeled with Roman numbers I to V 
 
along the auditory nervous pathways to the lower level of the central auditory nervous 
system almost at midbrain [10]. The characteristics, such as major wave latencies (I, 
III and V), inter-wave latencies (I-III, III-V and I-V), inter-aural wave V latencies, 
their amplitudes, and overall waveform morphology, are clinically used since they are 
generally consistent among people at adult ages with normal hearing and healthy 
auditory organs such that the norms can be established for hearing diagnostic and 
evaluation [18]-[21]. Also, these characteristics are highly affected by cochlear and 
retrocochlear (beyond the cochlea) pathologies which are clinically compared with 
the established normative criteria to identify for hearing loss and threshold and also to 
diagnose the disorders and tumors of the auditory system [14]-[17], [22]-[23]. The 
ABR is a useful tool for testing the integrity of the auditory nerve and brainstem in 




objective and the measured response is also reliable regardless of the patient’s 
awareness. This is great for newborns or anyone having a difficulty responding to a 
conventional pure tone audiogram. The ABR together with the Kemp echoes are 
therefore also acceptably used worldwide as the universal newborn hearing screening 
and evaluation programs [5]-[9]. The measured signals are compared against 
standardized response patterns to make a diagnosis for further treatment. The 
worldwide success of these programs allows the early intervention of any disorder so 
the patients can get appropriate hearing assistive devices and other hearing 
rehabilitation steps for better speech learning and development.  
 
The ABR is certainly a useful tool to assess the hearing function and diagnose 
the hearing loss and disorder of the ear, auditory nerve and brainstem pathways. As a 
result, these properties are made use of in our research to develop the ear type 
systems that can capture the characteristics of individual auditory function via 
measured ABRs both from normal and impaired ears. The noninvasive technique is 
designed to correct the impaired ear by using the developed ear type systems from 
which a hearing aid type device can be implemented. From clinical applications on 
the use of ABR as diagnosis tools for auditory processing of normal and impaired 
functions [8]-[9], [12]-[17] and as monitoring indicators in the operating room [24]-
[26] and from past research findings on the use of ABR with conventional hearing 
aids [27]-[30], changes of the characteristics of ABR from abnormal to normal and 
near normative criteria are shown to be associated with improved hearing ability. The 




the unwanted effects from the auditory impairment and dysfunction resulting in better 
hearing and improved speech understanding. The final results will be very helpful for 
providing a novel alternate improved means of correction of the hearing impairment.  
 
1.2 Main Contributions 
The main contributions of the dissertation are summarized as follows. 
• The new mathematically representative ear type system of the auditory 
brainstem response is developed by using the modified dynamical nonlinear 
neural network architecture, as shown in equations (3.1)-(3.3), for 
characterizing the hearing function and characteristics of the individual 
auditory system (see Section 3.2). Possible application of the ear type system 
for multichannel recording of the electrical activities measuring from the brain 
is given (see Section 3.4).  
• The new noninvasive correction technique of effects from the hearing loss and 
disorder using our developed ear type systems is introduced, as per Fig. 4.1. 
By using the clinically measured auditory brainstem responses, assessment 
and determination of the auditory loss and damage are extended to the higher 
levels of the human auditory system such that the proposed correction 
technique incorporating the auditory brainstem response is more likely 
associated with improved speech perception (see Section 4.5.1). 
• The modified technique for deriving an inverse of the dynamical nonlinear 
neural network with ear type system representation is given (see Section 4.2). 




neural network with numbers of neurons and inputs-outputs whose inverse 
system cannot be set up by solving a reciprocal of the transfer function, by 
using an inverse function of a nonlinear activation function, and/or by finding 
an inversion of row or column vectors and matrices, particularly for a case of 
single input and single output with many internal neurons. 
• Additional simulations and discussions on potential benefits of the proposed 
hearing aid compared to a conventional one are performed in Section 4.5 to 
show the possible validity of the proposed correction method and system to be 
used as a real hearing aid. 
• Possible circuits for implementing the proposed method into a hearing aid are 
designed in Chapter 5 showing various circuit components (see Section 5.2), 
parameter scaling for transistorized circuits (see Section 5.1), and additional 
circuits with variable weight setting for alternate adjustment capability (see 
Section 5.2). 
 
1.3 Organization of the Dissertation 
The dissertation is organized in six chapters.  
Chapter 1 introduces an overview of the concepts and motivation of the 
investigation of the new assistive device. This includes the use of the auditory 
brainstem response which leads to the proposed correction method and applications 
of the new type of hearing aid. The main contributions and organization of the thesis 




Chapter 2 describes a brief explanation of basic anatomy and physiology of the 
human auditory system focusing on the hearing function, mechanism, and hearing 
loss configurations. The auditory brainstem response and the usage in hearing 
function assessment and hearing impairment diagnosis are introduced. The basic 
concept of the conventional hearing aid and a review on pertinent hearing aid 
researches from literatures are also given in this chapter. 
Chapter 3 focuses on the methods starting with the ABR measurement and data 
collection. Next, modifying of the nonlinear neural network purposefully for 
modeling of the measured responses and setting up the ear type system is present. The 
discussions on system identification steps and modeling methods are then given. As 
an example, the method is simulated using Matlab and Simulink by using data from a 
hearing test of a patient with a sensorineural hearing loss. The extension of the ear 
type system applicable for multichannel auditory evoked potentials is also given. 
Chapter 4 discusses the main scheme for noninvasive correction of auditory 
impairment as introduced in Fig. 1.1. A new technique is introduced for deriving a 
new mathematical description of the system inverse to the nonlinear neural network 
representative ear type system of auditory brainstem response given in Chapter 3. The 
technique for setting up the inverse system is also applicable to a general case of 
nonlinear artificial neural network architectures for other applications in which 
correction or certain signals are needed, such as in the model controller design or the 
decoding of input signals from processed signals. The results from the proposed 
technique are presented which can be developed into a new hearing aid. Evaluations 




results presented in this dissertation and those used in other conventional hearing 
aids. 
Chapter 5 focuses on the circuit design and realization of the developed ear type 
system for possible further application in hearing aid hardware implementation. The 
mathematical description of the system for making a correction of unwanted effects 
from auditory loss and damage is realized in circuits. Required parameter scaling and 
value shifting necessary for transistorized circuits are presented with results. 
Additional circuits with variable weight adjustments are also given. 
Chapter 6 summarizes the dissertation and gives some open problems for future 






















Human Auditory System, Hearing impairments, Auditory 
Brainstem Response and Hearing Aid 
 
 This chapter addresses brief background and literature reviews on  
1. Anatomy and physiology of the human auditory system introducing the 
basics of hearing and hearing impairment  
2. Auditory brainstem response including the basic concept and the use in 
hearing diagnosis 
3. Hearing aids including the basic concept of the conventional hearing aid 
and a literature review of relevant hearing aid researches 
 
2.1 Anatomy and physiology of the human auditory system and 
hearing impairment 
 Hearing is a very complex process involving many anatomical organs and 
mechanisms working together where the main simplified representations are 
discussed as presented in Fig. 2.1 showing the basic anatomy of the ear, the cochlea 
inside the inner ear, and the auditory system. The hearing function of the human 
auditory system consists mainly of two parts which are the sound conduction and 
transduction by the ear and sound interpretation by the auditory nervous system. 
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Figure 2.1.  Schematic diagrams of (a) anatomy of the ear, (b) the unfolded cochlea 
(c) the Organ of Corti showing sensory hair cells, and (d) the main auditory nerve, 
nuclei, and pathways of the auditory nervous system [13,p.35-37], [16,pp.19–84 ], 
[17,pp.1–17]. Lines represent connections, not exact numbers of paths in these 
simplified drawings. 
is also known as the tympanic membrane, separating the outer and middle ears, gets 
transferred by the three bones inside the middle ear into mechanical vibration of fluid 




sensory cells inside the cochlea of the inner ear. The signals are sent along the 
cochlear nerve, auditory nuclei, fiber, and brainstem auditory pathway to the central 
auditory nervous system for interpretation inside the brain. The mechanism and 
process underlying perception and interpretation of sound by the auditory cortex are 
very complicated and have been of interest in researches and clinics in order to 
develop neural prostheses and study neural plasticity [31]-[34]. Some of the 
techniques that have been utilized are, for example, techniques using electric fields 
such as the electroencephalographic (EEG) method, using magnetic fields such as the 
magnetoencephalography (MEG) method or magnetic resonance imaging (MRI) 
technique, and using injected radioactive chemicals such as those used in the positron 
emission tomography (PET) scan. They are found to be useful tools to learn more 
about brain activities at cortical levels [31]-[33]. The primary region of the auditory 
cortex, as indicated in Fig. 2.1(d), inside a brain was approximately inferred from 
animal testing using invasive methods because there are inevitably differences 
between animals and humans. With developing technologies, the noninvasive or 
partially invasive methods can be performed on people with confirmed brain lesions 
or from the brain imaging techniques, such as MRI; however, with many connections 
of neurons and nerve fibers within the brain, other regions of the brain can also 
contribute to auditory perception and speech interpretation [15,p.452], [16,p.266], 
[17, pp. 173-175], [35].  
 
As we understand the basis of the hearing organs and functions, hearing loss and 




essential aspects of hearing impairments are discussed. Categorized by the locations 
of the disorders, hearing loss can be divided into four types [36]-[37]. 
• Conductive hearing loss where the damage is to the conduction of sound by 
either the outer ear or the middle ear, for example, the middle ear infection. 
The conductive hearing loss is usually medically or surgically treatable. 
• Sensorineural hearing loss (SNHL) where the damage is to either the inner ear 
or the auditory nervous pathways from the inner ear to the brain. Losses 
resulted from the sensory organs inside the cochlea is sometimes referred to as 
a cochlear loss or a sensor loss and those from the auditory nervous system are 
referred to as a retrocochlear loss or a neural loss. The sensorineural loss is 
currently alleviated by using a hearing aid in the outer ear for mild to 
moderate cases. Permanent damage to the sensory hair cells in the cochlea in 
most profound cases can be alleviated by using a cochlear implant. An 
implanted electrode array directly stimulates the cochlear nerve bypassing the 
damaged sections. This is commercially available and proven to be very 
successful [38]-[40]. There is also a brainstem implant device [40]-[41] 
directly stimulating the cochlear nucleus of the brainstem for a case of damage 
to the cochlear nerve, such as from a removal of tumor. However, the success 
of this brainstem implant is limited, which may due to the tumor removal 
surgery during which a flow of blood supply to the cochlear nucleus can be 




• Mixed hearing loss which is the mixture of both conductive and sensorineural 
hearing losses. The hearing aids such as, bone-anchored types [36] or hearing 
aids in the tooth [43]-[44], are some of the options for assistive devices. 
• Central hearing loss where the damage is to the brain mainly the central 
auditory nervous system of the brain. The central hearing loss is not 
commonly found compared to the other types. It is a case where a patient can 
acknowledge the presence of the sound but sometimes cannot interpret what is 
being said resulting in poor word recognition scores during the hearing test 
especially for complex speech and speech in the presence of background 
noise. The hearing aid is of little value in alleviating this type of loss. A 
speech and hearing rehabilitation and control of the environment factors may 
alleviate and assist the patients. 
For the auditory brainstem response, the measured ABR characteristics are affected 
by both conductive and sensorineural hearing losses. The ABR is typically measured 
with an air-conducted stimulus that is affected by both losses. This is also the one 
used in the dissertation. However, the ABR can also be measured with a bone-
conducted stimulus for a quick differentiation between the two types of losses when 
testing newborns or for use with ears with visible signs of severe outer or middle ear 
infections [15, p.460]. More discussion on the ABR signals is given in Section 2.2. 
 
Hearing loss can also be divided according to magnitude of the hearing threshold 
measured with a pure tone audiogram. The pure tone audiogram is usually the first 




behavioral measurement which requires behavioral responses from the patients. 
Audio sine waves of commonly used frequencies fixed at 250, 500, 1k, 2k, 4k, and 6 
kHz are fed into the ear to determine the lowest sound level that a person can hear or 
show sign of behavioral response. The audible frequency for humans with normal 
hearing is from 20 – 20,000Hz. The average of all audiometric thresholds are 
calculated as a pure tone threshold for fitting a linear analog hearing aid or as low, 
mid-, or high frequency thresholds for a multi-bands digital hearing aid. Hearing loss 
is typically categorized as normal (<25 dB HL), mild (25 – 40 dB HL), moderate (40 
– 55 dB HL), moderately severe (55 – 70 dB HL), severe (70 – 90 dB HL), and 
profound (>90 dB HL). A unit, dB HL, is a decibels hearing level, which is calibrated 
from average threshold levels of adults with normal hearing at each measured 
audiometric frequency and also of the audiometers and the earphones. The values are 
then established as the reference which is usually calculated and built into the 
audiometer equipment with specified ear phones [36]-[37], [45]. For example, 0 dB 
HL corresponds to a lowest sound level that normal hearing people can hear, not an 
absence of sound, which also varies at each audiometric frequency: 250, 500, 1k, 2k, 
4k, and 6k Hz.  
 
For clarification, a quantification of sound level is physically measured as a sound 
pressure with a unit Pascal (Pa). However, the sound pressure is usually referred to a 
unit in decibels. Sound pressure level (dB SPL), 




where P is a sound pressure in Pa and Pref is the reference sound pressure = 20 uPa 
which is usually considered a minimum sound level that a human can hear [37], [45]. 
The hearing level is calculated based on the audiometric frequency, so  
                               dB HL at … Hz = (dB SPL)tester – (dB SPL)ref    at … Hz (2.2) 
 where (dB SPL)ref is a sound level required of a group of individuals with normal 
hearing and (dB SPL)tester is a sound level required of a tester to hear. All are 
calculated at each of specific frequency (Hz).  
 
The behavioral hearing threshold measurements and the ways of compensating for 
the loss of frequency specific sound quantification are useful; however, they may 
only account for a portion of the loss. The hearing loss that was considered to 
originate from dysfunction and pathology of the cochlea may be in part caused by the 
disorder of the auditory nervous system [17,pp.201-251] which cannot be clearly 
identified by the pure tone audiogram. Also, a requirement for a subjective decision 
from a patient limits its use with newborns, young children, and difficult-to-test 
patients. Beside the behavioral measure, additional objective auditory 
electrophysiologic tests, such as otoacoustic emission and auditory evoked response, 
are beneficial for hearing assessment and diagnosis of pathologies. Also, researches 
on the sound perception process and assessment of the auditory nervous system inside 
the brain can be accomplished by using the evoked potentials measurements such as, 
the ABR, to gain more insight into the physiology of the auditory system and the 





2.2 Auditory brainstem response  
Auditory evoked potential responses, such as, electrocochleography 
(ECochG), auditory brainstem response (ABR), auditory middle latency response 
(MLR), auditory late latency response (LLR), and others, are all useful for hearing 
evaluation and assessment [11]-[17], [46]. For example, ECochG is the potential 
response reflecting activities within the cochlea by using an electrode placed on the 
ear canal surface as close to the ear drum as possible or using an electrode perforating 
through the ear drum and resting on the round window since the signal quality 
depends very much on the electrode sites. The closer the electrode is to the cochlear 
nerve, the better reliable signals are received. It is typically used in research on 
experimental animals [46], [55]. Now ECochG is only used in some cases of hearing 
diseases since the activities of the cochlea can also be recorded by the ABR in which 
the ECochG is equivalent to wave I component.  
 
Mainly, the use of ABR is investigated in the dissertation. The auditory 
brainstem response (ABR), which is also known as brainstem auditory evoked 
potential (BAEP), or brainstem evoked response (BSER), is the most common used 
and well-known because it is the short latency potential (about 10 ms after stimulus)  
that can be easily recorded and reliably detected. Using the middle latency (MLR) or 
the late latency responses (LLR) would be useful as well in hearing function 
assessment and diagnosis, but the MLR, which reflects the activities at higher level of 
the central auditory nervous system, tentatively about mid-brain area with latency 10 




cortical area with latency 50 – 300 ms after stimulus, require very long testing and 
analysis time periods by a highly experienced audiologist. The MLR and LLR 
waveform characteristics and morphology are highly influenced by a patient’s state of 
arousal, movement, and level of awareness [12]-[17]. Also there is tentatively much 
more variability within the same patient and between patients [20]-[21]. The ABR on 
the other hand appears to be less variable and is easier to identify. It also has received 
more attention, so there are many references available regarding normative data and 
methods for objective hearing diagnosis. 
 
The ABR is the short latency auditory evoked potential response that lasts 
about 10 ms after the stimulation and consists of primary five waves customarily 
labeled by Roman numerals I-V [11] as shown in Fig. 2.2. Time zero represents the 
stimulation onset. Although, direct stimulations and invasive studies of the responses 
from the single nerve cells and nerve fibers in animals are possible, for human 
noninvasive measures are more suitable. The ABR measure is a far field recording, so 
the anatomical locations inside the human auditory systems that generate these waves 
can not be yet exactly pinpointed. Also, since the auditory system is a complex 
structure consisting of networks of nuclei and connections of nerve fibers, the main 
waves (I-V) of the ABR that are believed to be generated from the precise anatomical 
sites can also be contributed to from the surrounding auditory organs as well. By 
combining the data inferred from experimental animals and recorded from patients 
with confirmed site of lesions or with exposed organs during a surgery, the 
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Figure 2.2.  Simplified diagram of the anatomical origins of the auditory 
brainstem waves [10]-[11],[13,p.44],[15,p.425],[16,p.266],[17,p.175],[35] 
 
sites in the auditory pathway as shown with dashed lines in Fig. 2.2 [10]-[11], [13, p. 
44], [15, p. 425], [16, p. 266], [35].  
 
 The auditory stimulus that is used in Fig. 2.2 and in the dissertation is a click 
pulse, as per Fig. 2.3, which is also the most commonly used stimulus for evoking the 
ABR. The rectangular voltage pulses are converted into the acoustical clicks fed into 
the ear via an earphone. With the sharp rise and fall times, it is believed to effectively 
excite the synchronous activities of all auditory neurons that give rise to the easily 
identified and clearer signals. Its broad frequency spectrum also provides a good 
assessment and diagnosis of a wide working frequency region of the cochlea and 
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Figure 2.3. Typical used stimulus signals 
 
can be used but the measured responses are not as clear to identify and have poor 
waveform morphology. Tone burst-ABR is commonly used as a quick way to 
compare the hearing test results with those from a pure tone audiogram by using a 
tone burst at the audiometric frequencies and comparing the latency of wave V of the 
ABR against normal limits. Wave V is the most robust and largest of all components 




The stimulus signals typically used in the ABR measurements are shown as examples 
in Fig. 2.3. 
 
Amplitudes and latencies of the responses are evaluated and compared to the 
normative criteria that are established as a normal standard because the ABR wave 
characteristics of normal hearings are quite consistent in healthy adults’ ears and 
throughout one’s adulthood. There might, however, be slight variability among babies 
and older adults for which different sets of normative ABR characteristic criteria can 
be set up accordingly for more accurate results, for example, a normative data 
established for newborns to 6 months or for adults 60 to 70 years old. Some other 
environmental factors can affect the ABR characteristics, such as different ear 
phones, however they are typically taken into account when establishing the clinical 
norms. Both conductive and sensorineural hearing loss affect the response 
characteristics as well as the pathologies of the ear and auditory pathway such as 
tumors. ABR can be a much cheaper alternative for diagnosis of medium sized 
tumors to Magnetic Resonance Imaging. It can also be used for monitoring the 
auditory function in the operating room. Though, there could be limitations of the use 
of ABR because the signal might be absent in profound deafness cases.  
 
The typical normal ABR waveform with click stimulus is presented in more 
detail in Fig. 2.4 for illustrative purpose. As common in most bioelectrical signal 
recording and processing techniques, repeating stimulus and averaging of the 
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Figure 2.4.  Typical ABRs recorded from a person with normal hearing showing 
the reproducible ABR with clear waveform morphology and response 
parameters within the normal limits. 
 
noise ratio. As per Fig. 2.4, the upper curves represent two ABR signals each being a 
sum of 1,000 averaging responses alternately recorded in two independent memory 
storages A and B of the ABR-test equipment, which are used as a way to ensure the 
reliability and reproducibility of the recording procedures. The lower curve represents 
the stable ABR result with good morphology which is the average of the 2,000 
averaging responses from the above two curves.  
 
The normal ABR in Fig. 2.4 shows clear and good waveform morphology 
with absolute wave latencies (wave I, III, and V), inter-wave latencies (between 
waves I-III, III-V, and I-V), and amplitudes within the normal limits. Although, all 




prominent waves I, III, and V are typically used in diagnosis of the hearing 
impairment. For instances, the normative absolute wave latencies that are 
implemented at the Otolaryngology clinic of the King Chulalongkorn Memorial 
Hospital for quick evaluations are wave I at 1.64 (±2×0.12) ms, III at 3.51 (±2×0.11) 
ms, and V at 5.34 (±2×0.20) ms. The hearing loss and pathologies of the auditory 
organs are usually suspected if there is deviation from these desired ABR parameters. 
For example, in a typical case of conductive hearing loss, latencies of waves I, III, 
and V are usually beyond the normal limits, but the interwave latencies are within the 
normal ranges and the amplitudes and waveform morphology are also normal. For a 
case of sensorineural hearing loss that is of cochlear origin, the delayed latency, 
absent or reduced amplitude of wave I are usually expected, but the later components 
of ABR waves are unaffected. Poor waveform morphology might be seen. For a 
sensorineural loss that is of retrocochlear origin, the clear normal wave I and a 
prolonged or poor waveform of later wave components are typically present. 
 
The conductive and sensorineural hearing loss effects on the ABRs are 
selected to present in Fig. 2.5 for illustrative purposes. Figure 2.5(a) shows the ABR 
measured from an ear with a typical case of conductive loss. Since the outer ear or 
middle ear is damaged, the sound intensity to the inner ear and the successive 
originating sites is reduced. The latencies of all waves are all delayed. The interwave 
latencies are generally within normal limits. The ABR typically shows good 
waveform morphology and normal amplitudes [47]-[48]. Figure 2.5(b) shows the 
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Figure 2.5. Two case examples of abnormal ABRs recorded from a patient with 
(a) a typical conductive hearing loss and (b) a mild sensorineural hearing loss.  
Dashed arrows indicate delayed latencies. 
 
loss. The wave I is present within normal limits but wave III and V are slightly 
prolonged [48]. The ABR is certainly a useful tool to assess the hearing function and 
diagnose the hearing loss and disorder of the peripheral cochlea, auditory nerves, and 
brainstem auditory pathway. 
 
2.3 Basics of a conventional hearing aid and reviews on relevant 
hearing aid researches 
In order to compare with the proposed assistive device using technique 




conventional hearing aids are introduced. A hearing aid is basically constructed from 
four main components which are (1) a microphone to transform audio signal into 
electrical signal, (2) an amplifier to raise the sound level, (3) a receiver to convert 
electrical signal back to sound, and (4) batteries to power all components as shown in 
Fig. 2.6. Its performance and capacity have been evolving and improving as changes 
in signal processing and technologies have become available. Smaller sizes and better 
designs have kept up with technology to satisfy the aid users with signal processing 
using analog, analog programmable, to digital programmable technologies. All these 
have the main common purpose of providing amplification of sound.  
 
Hearing aid gains are set according to the degree of hearing loss typically 
measured by the pure tone audiogram as discussed in Section 2.1. An example of a 
threshold-frequency audiogram is given in Fig. 2.7(a) of which the gain-frequency 
settings of the hearing aid are then aimed to match these prescribed targets based on 
the results of the individual’s audiogram. An audiogram in Fig. 2.7(a) shows the 
hearing levels tested by air conducted pure tone signals which shows normal 
threshold in the left ear and mild to moderate high frequency hearing loss in the right 
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Figure 2.7.  (a) A sample of audiogram of a unilateral hearing loss and (b) 
comparison of a target gain from (a) and a provided gain curve if fitted by analog 
hearing aid with a basic gain curve from [36]-[37] (for illustration) 
 
ear. In Fig. 2.7(b), a result from an audiogram of a right ear in Fig. 2.7(a) is plotted as 
a prescribed gain target calculated by using the commonly used fitting formula from 
the National Acoustic Laboratories (NAL) [56]-[59] to find the real ear insertion gain. 
Basically the hearing levels at low, mid, and high frequencies are averaged and added 
to the hearing level at each audiometric frequency with some correction factors. Also 
shown is a gain curve if an analog hearing aid with a basic fixed gain curve adapted 
from [36]-[37] is selected for fitting. By comparing these two curves, the mismatches 
can be seen resulting as over- or under-amplifications which might discourage the 
users from wearing the hearing aids. More flexibility in the fitting procedure and 
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Figure 2.8. Diagram of a typical digital hearing aid (adapted from [36]-[37]). 
 
A simplified block diagram of a more recent digital hearing aid is given in 
Fig. 2.8. An acoustic signal is transduced into an analog electrical signal by a 
microphone and is then converted into a digital signal so that the signal can be 
processed digitally and then is converted back into the analog signal from which it is 
sent to a receiver. This allows additional features such as, noise reduction circuits, 
feedback cancellation, or acoustic scene analysis [36]-[37], [49]-[51] to be employed 
for better quality of acoustic amplification. 
 
As mentioned, the investigation of the noninvasive correction method in this 
dissertation is inspired by the concepts initiated in [1]-[2]. There have been a few 
other relevant researches exploring hearing aid techniques that are based on modeling 
of biological ears in addition to compensation of audibility loss based solely on the 
behavioral pure tone measurement in which they have attempted with different 
interesting approaches and results [52]-[55]. In [52], the mathematical building blocks 




mathematical inverse function of each block was then combined. Using simplified 
and approximated steps, the final compensator system resulted as a bank of bandpass 
filters followed by automatic gain control blocks which are similar to the technique 
used in conventional hearing aids. However, the gain control was implemented in 
multiplicative type manners instead of the typical feedback control; this yielded better 
performance than the selected conventional aids to which the authors compared the 
performances [53]. In [54], the authors made use of a model of a cat’s cochlea to 
represent normal and impaired ears also ending at the hair cells. 
Electrocochleography was performed on the cats [54] with acoustically traumatized 
noise induced-hearing loss to record action potential firing rates and patterns of a 
single nerve cell inside the cochlea. The responses were then used to predict 
percentages of the frequency specific threshold losses between those resulting from 
damaged outer hair cells and damaged inner hair cells to be included into the models 
from which the compensating aid was then designed to compensate these ratios in 
terms of adjusting its weighted gain over frequencies. The ABRs have been measured 
in patients wearing conventional hearing aids [27]-[30], [97]-[99] which will be 
discussed in Section 4.5.1. 
 
The conventional hearing aid is undeniably of value as an assistive device. 
However, the new approaches that look into the underlying auditory activities within 
the auditory system can potentially provide alternate techniques for improved 
assistive devices that have a potential to be able to restore the normal hearing 





This chapter addresses first the anatomy and physiology of the peripheral and 
central auditory system and hearing impairments. Next, the nature and use of the 
auditory brainstem response in hearing diagnosis and general overviews of the 
responses are given. Lastly, basic amplification concepts of conventional hearing aids 
and literature surveys on related hearing aid researches are discussed. More 
knowledge on these topics can be found in textbooks [12]-[17], [36]-[37], [57]-[59]. 
Selected essential background information has been discussed preparing the readers 
for methods and results that are the main investigation of the dissertation in the 
following chapters.  
 
In conclusion, the scope of the noninvasive correction method in the dissertation 
that utilizes signals from the ABR tests to assess the functions of the cochlea, 
auditory nerve, and brainstem auditory pathway is especially useful and purposefully 
aimed toward helping people with mild to moderate sensorineural hearing 
impairments. The ABR is able to identify for both conductive and sensorineural types 
but a conductive loss is often treatable medically. The extra advantages gained by 
using ABR are that the response characteristics can be used to diagnose the damages 
of the cochlea, nerve, and/or brainstem auditory nervous pathway while the pure tone 
audiogram simply accounts for a quantitative measure of audible sound. The ABR 
tests do not require subjective decision from patients. The analog circuits of the 
system for making a correction can be developed for use with air or bone conduction 




aid by implementing with the new proposed hearing assessment and correction 
technique of Chapter 4 and 5. The ideal case would be the new type of hearing aid for 
a patient with unilateral hearing loss whose clinical hearing evaluations and auditory 
brainstem responses are performed and data are kept on a regular basis such that any 
hearing deterioration and deviation from normal can be detected as soon as it 
happens. The normative parameters can also be implemented by using the patient’s 



















Modeling of the Auditory Brainstem Response  
 
 The method begins with the measurement and modeling of the auditory 
brainstem response (ABR) to develop an ear type system that can mimic the 
behaviors and capture the characteristics of the human hearing system. With its 
noninvasive properties and underlying nature reflecting the activities within the 
peripheral ear and section of the central auditory nervous system inside the brain, the 
ABR has been extensively used in clinics and academic researches. We utilize these 
properties and their response characteristics which are affected by the auditory loss 
and disorder and are associated with auditory signal processing mechanism from 
which the new concept of noninvasive correction and alternate hearing aid type 
device are proposed. The first part of the methodologies and results are discussed in 
this chapter which covers the following topics. 
1. The ABR measurement set up for data recording,  
2. The ear type system of ABR showing the mathematical representation using 
the modified nonlinear artificial neural network architecture and the methods 
for system identification, 
3. The simulations and results of the developed ear type systems using data 
from a patient with a hearing impairment for a purpose of illustration to 












Figure 3.1.  Diagram of the ABR measurement set up 
aid development and evaluate the results obtained from the proposed 
technique.  
4. The extended ear type system for multielectrode recordings and/or binaural 
simultaneous stimuli.  
 
3.1 The Auditory Brainstem Response Measurement 
The data of auditory brainstem responses in the dissertation are obtained from 
the clinical hearing screenings at the Otolaryngology clinic of the King 
Chulalongkorn Memorial Hospital, Bangkok, Thailand as part of the clinical hearing 
screening and diagnosis and were supplied by Professor Permsarp Isipradit, M.D., at 
the department of Otolaryngology, Chulalongkorn University. As shown in Fig. 3.1, 
here the ABR is measured with three electrodes placed on the scalp at the hairline of 
the forehead, the mastoids, and the temples of the patient while staying still or asleep 
to reduce the muscle movement. Also, standard skin preparation is performed to 





For example, the left ear is being tested in Fig. 3.1, so the inverting electrode 
is at the left mastoid, the noninverting common electrode is at the hairline of the 
forehead and the ground electrode is at the right temple. The inverting electrode is 
switched to the right mastoid for testing the right ear. The measurement room is 
shielded from outside noise and strong electromagnetic fields. The stimulus used in 
the hearing evaluation is the click pulse presenting at the repeating stimulus rate, 
typically of 20/s, through the headphone which feeds the stimulus sound to the test 
ear as shown in Fig. 3.2. The electrical potentials of auditory system are picked up by 
the electrodes, filtered, and averaged inside the test equipment to reduce noise and 
artifacts. Various patients with different types of hearing losses and suspected hearing 
pathologies are tested for hearing evaluations.  
 
3.2 The Ear Type System of Auditory Brainstem Response 
3.2.1 The Modified Nonlinear Neural Network 
 The ear type system of measured auditory brainstem response (ABR) is 
developed using the data from the measurements. Identification of the human 
physiological systems using a modified artificial neural network is applied for deriving 
the mathematical representation of the ear type system. With its structure as a basic of 
other types of neural network architectures, the Hopfield neural network [61]-[64] has 
been widely studied and found useful in the application of system identification of the 
biological processes and physical systems [65]-[68]. The network structure is also 






Figure 3.2. Schematic diagram of the modified artificial neural network 
 
The classical structure of the Hopfield neural network [64] typically used for 
binary pattern classification problems is modified for the application to ear type 
system identification in which a second output layer and an external input are added, 
as shown in Fig. 3.2. This nonlinear ear type system with the basic structure adapted 
from the dynamical Hopfield neural network in a continuous time domain consists of n 
neurons in the first layer and one neuron in the second layer. The ABRs measured at 
the hospital used for illustration of the methods investigated in the dissertation are 
measured using three electrodes in a single channel recording meaning that the 
response ipsilateral (on the same side) to the test ear is recorded from one ear at a time. 
The mathematical representation of the ear type system modeling with the auditory 
brainstem response, measured in a described manner having a 1-vector input and 1-
vector output, is defined in continuous time state space variable form 
                                       E(dx(t)/dt) = Av(t) + G + Bu(t), x(0) = x0 (3.1) 
   v(t) = f(x(t))  (3.2) 




where              u(t) is an input signal (1-vector) 
y(t) is an output signal (1-vector) 
x(t) is an internal state-type n×1 column vector with initial value x0 
v(t) is a nonlinear n×1 column vector  
E is a diagonal n×n matrix with diagonal entries equal to a constant e, = 
e×I (I = Identity matrix) 
A is a constant n×n weight matrix 
G is a constant n×1 column bias vector 
B is a constant n×1 column vector 
C is a constant 1×n row vector, and  
d is a scalar output bias.  
All quantities are assumed real. Since the activities within the human auditory system 
is highly nonlinear, the activation function, f(.) is selected to be a nonlinear n-vector 
function that is monotonically increasing and differentiable, such as a sigmoid 
function which is equal to 1/(1+exp(-x)) [64]. In the ear type system of ABR, a 
hyperbolic tangent, tanh(x) = (exp(x)-exp(-x))/(exp(x)+exp(-x)), shown in Fig. 3.3 is 
used, vi = f(xi) = tanh(xi) (3.2), since it has a larger output range and resembles to a 
mechanical movement with saturation of hair cells in the cochlea. The hyperbolic 
tangent function is also convenient for implementation in hardware using the bipolar 
junction transistors (BJT). The BJT differential pair circuits with components for input 
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Figure 3.3.  A hyperbolic tangent function, f(x) = tanh(x) compared to a sigmoid 
function, f(x) = 1/(1+exp(-x)) 
 
voltage in a circuit. The mathematical model of the ear type system is developed to 
mimic and capture the behaviors and characteristics of the individual auditory function 
via the measured ABR in which normal hearing function and effects of the hearing 
loss and disorder on the hearing function are characterized. These equations 
representative of the ear type system (3.1)-(3.3) can be extended applicable for 
multiple inputs and multiple outputs recorded in multichannel configurations and also 
for simultaneous stimulating both ears and recording auditory evoked brain activities 
from various locations on the scalp which will be further discussed in Section 3.4. 
 
3.2.2 System Identification Methodologies 
 The system identification procedures for estimation of the coefficient vectors 
and matrices of the nonlinear ear type system in (3.1)-(3.3) are implemented using the 
modeling methods that combine the uses of the neural network modeling and the 




continuous time domain measurements of the input signal, u(t), and output signal, 
y(t), the parameters of the system coefficients in (3.1)-(3.3) are also estimated in the 
continuous time domain. Standard numerical optimization algorithms are applied to 
first find the dimension n of the internal neuron state and to second estimate the 
parameters of weight vectors and matrices and bias values: A, B, C, d, E, and G.  
  
Estimating the dimension  
 The same as in most system identification problems, a dimension of the 
nonlinear dynamical system, that is, the number of the internal neuron states of the 
ear type system in (3.1)-(3.3), is typically chosen to be sufficiently small to construct 
the system with simple structure and minimum number of parameters that are capable 
of mimicking the physical system and capturing the system characteristics on which 
the developed system is based but flexible enough to give satisfying outputs with 
acceptable discrepancies between the real physical system and the simulated system 
responses. Increasing either the dimension and the number of parameters tends to 
generate a system with less mismatched signals and better fits but the system 
structure can become complicated requiring extra computational time and resources 
which might not be necessary [72]-[78]. The steps for finding the system dimension 
are improvised from the combination of different approaches including the model 
order selection techniques for a dynamical nonlinear system such as use the Lipschitz 
criterion [79] together with trial-and-error simulations to validate the results and 





The Lipschitz criterion is a method to identify the optimal embedding orders 
based on the continuity property of the nonlinear function by calculating the Lipschitz 
quotients. It can be applied to an unknown nonlinear dynamical system typically of a 
general formulation 
                                y(t) = f(y(t-1), y(t-2), …, y(t-r), u(t), u(t-1), …, u(t-s)) 
                                       = f(ϕ(t))  (3.4) 
where y is a vector of outputs, u is a vector of inputs, and ϕ is called a regression 
vector consisting of r lagged outputs and s lagged inputs taken into account to 
construct the mathematically descriptive nonlinear system. To find the right order of 
the system that is the orders of regression vectors, r and s, to accurately simulate and 
map the nonlinear system from the input-output data (u(ti), y(ti)) where i = 1, 2, …, N 
and N is the data length, that is the number of equally sampled input and output 
signals analyzed, the Lipschitz quotients are calculated. The Lipschitz quotients, qt1t2, 
are calculated directly using only the input and output data, 












where ||ϕ(t2) – ϕ(t1)|| is the Euclidean norm and |y(t2) – y(t1)| is the difference of the 
scalar nonlinear outputs. The criterion is based on the bounded gradient which can be 
estimated from the largest quotient to decide on an optimum number, r and s, of the 
selected regressor vectors. The largest quotient for the system order occurs at the 
known sampled points calculated by 





























where |y(t2)-y(t1)| is the difference of the scalar nonlinear outputs and ||.|| is the 
Euclidean norm of regression variables (past inputs and past outputs) for determining 
the gradient . If the system order first selected is insufficient, meaning one or more of 
the past input-output variables needed to set up the nonlinear system are not included 
and are not completely independent of other included regression vectors, the 
Lipschitz quotient, q
(ȓ,ŝ)
 of the insufficient orders where ȓ<r and ŝ<s, can become 
unbounded and is very much larger than q
(r,s)
 with the right selected numbers of past 
output, r, and past input, s, variables to completely map the nonlinear function. The 
more the necessary regression variables are not included, the much larger the 
quotients can become. On the other hand, if more variables of past inputs and past 




 of redundant orders 
where ȓ>r and ŝ>s, is still bounded but has a value slightly smaller than q
(r,s)
 with the 
right numbers of necessary variables. Increasing the numbers of regressor variables 
results in a smaller quotient values. Using these principles, the Lipschitz number, 
q
(r,s)
, is calculated from  

















  (3.7) 
where q
(r,s)
(k) is the k-th largest quotient among all s)(r,
ij
q  and p is usually selected as 
one to two percent of the data length, N [79]-[80]. Using the above principles, if the 
optimum numbers of lagged input variables, s, and output variables, r, are included in 









slightly smaller than q
(r,s)




knee point of the curve between the Lipschitz numbers and the system orders [81]-
[82].  
 
The model order selection technique using the Lipschitz numbers has been 
successfully used in various system identifications [79]-[85]. The system order 
obtained from this technique can be used as a starting point from which the system 
structures can be defined and estimated.  
 
Estimating the parameters 
After the optimal order is selected, the nonlinear ear type system can be set 
up. Numerical optimization algorithms will be used based on the iterative prediction 
error minimization [74]-[76], [86]-[87] aiming to minimize the mean square error 
(mse) between the signals from measurements and simulations, 







can be applied to find the parameters of the individual ear type system. In (3.8), 
ymeasured are signals from the measurements, ymodeled are signals from the models, and 
N is the number of measured and modeled output signal values in which the 
minimization becomes a nonlinear least square problem. The least square algorithms 
[86]-[87] including the Levenberg-Marquardt algorithm (LMA) [74] and the trust-
region-reflective algorithm [88] are utilized in this dissertation. These are commonly 
used and effective approaches for nonlinear optimizations and are available in 
MATLAB toolboxes. Basically, the algorithms begin with an initial set of parameters 




in the search direction. At each training step, the algorithm is continued toward 
finding the optimum set of parameters until the criteria for stopping is met, such as 
the specified numbers of iterations are completed or the mean square error is within 
the given limit. 
 
Validating the systems 
 After the system parameters are achieved, the final mean square error, (3.8), 
and the comparison of responses from measurements and MATLAB Simulink 
simulations are evaluated to analyze the quality of the identified system.  
 
3.3 Simulations and Results 
3.3.1 The ABR measurement 
 For consistency of the dissertation, the simulations and results are investigated 
by using the same sets of the auditory brainstem response data recorded from a 
patient who has a suspected hearing loss in the left ear. The click evoked ABR test 
was performed on both ears. The responses are shown in Fig. 3.4. Although the 
responses are present from both ears showing identifiable major waves with clear and 
repeatable waveforms, the responses are different. Compared against the normative 
criteria and standardized templates, the response of the right ear shows normal 
characteristics while that of the left ear shows some abnormal characteristics 
indicating a possible case of the sensorineural hearing loss. The absolute and 
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Figure 3.4. The ABRs from the measurements of (a) right and (b) left ears from 
the patient with sensorineural hearing loss in the left ear which are used for 
illustration of the investigation through out the dissertation 
 
established at the clinic utilized in the dissertation. The absolute latencies of wave III 
and V and interwave latencies of wave I-III and I-V of the left ear responses are out 
of normal limits (= mean values ± 2.5×Standard deviation (S.D.)) which suggest a 
case of sensorineural hearing loss.  
 
3.3.2 Systems simulated results 
 Two ear type systems with mathematical expressions in (3.1)-(3.3) mimicking 
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Figure 3.5.  Lipschitz numbers using input and output data for system order 
selection guideline of the two ear type systems of the patient with ABR in Fig. 3.4 
 
responses are developed. The number n of the internal states, x(t) in (3.1)-(3.3), is 
defined first in order to set up the system for training by inferring from the Lipschitz 
numbers. The Lipschitz numbers (3.7) are plotted in Fig. 3.5. The curves of both left 
and right ear data show a rapid drop at 3 and continues to decrease until 6 after which 
the curve does not significantly decreased. Using the analysis described earlier, the 
optimum system order obtained from the Lipschitz number is likely to be 6. The 
orders obtained from the technique can be used as a guideline for setting up the 
systems. Trial and error runs can be simulated using a range of possible numbers 
obtained from the Lipschitz numbers, in this case from 3 to 6 as discussed below. 
 
 Using the measured auditory brainstem responses, the ear type systems of the 
patient are constructed and trained to estimate the parameters of the systems for 
various n from 3 to 6. The iterative network training is carried on until reasonable 
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Figure 3.6.  Measured and Simulink modeled auditory brainstem responses testing 
(a) the right ear and (b) the left ear.  
square error (3.8) is expected. Using six internal states inferred from the model order 
selection technique, satisfying simulated signals are achieved from the developed ear 
type systems of both ears. Additional trial and error simulations and extensive 
comparisons of the results are performed using a range of possible orders with lower 
numbers from three to five but simulated responses and systems with reasonable fits 
cannot be achieved. The simulation results for n = 6 from the left and right ears are 
compared with the measured ones in Fig. 3.6 showing good agreements. The final 
mean square error is equal to 1.1e-3 on the left ear system and 3.2e-4 on the right ear 
system. The ear type systems representing the normal hearing function of the 
patient’s right ear and the impaired hearing function of the patient’s left ear diagnosed 
and measured through the auditory brainstem responses are set up in Simulink models 
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Figure 3.7.  Simplified Simulink diagrams of ear type systems (a) normal hearing of 
the right sided measurement and (b) abnormal hearing with sensorineural hearing 







 The ear type system for characterization of the individual auditory system and 
hearing function are achieved with satisfying results. The system is able to simulate 
the auditory brainstem responses with characteristics representing the normal hearing 
function and the effects from the hearing loss and disorder in order to be further used 
in the design of new correction scheme and assistive device. 
 
3.4 The ear type system of the auditory brainstem response 
extendable for possible applications of multiple inputs and/or outputs 
of the ABRs and other pertinent auditory evoked potentials 
3.4.1. The extended ear type system 
In addition to the ear type system developed from the auditory brainstem 
response measured using three electrodes placed on the scalp at the typically chosen 
locations using a single channel recording as shown in Fig. 3.1 and also performed at 
the Chulalongkorn hospital, the recordings of the ABR are possible to be performed 
using different recording configurations. For example, it is possible to measure only 
one sided ABR with simultaneous stimuli in both ears, both ipsilateral (on the same 
side) and contralateral (on the different side) ABRs with acoustic stimulus in one ear, 
and both sided ABRs with simultaneous stimuli in both ears. The latter two, usually 
referred to as two channel recordings, also require test equipment with two channel 
capabilities. Simultaneous stimulating both ears is not typically performed, the 















Figure 3.8.  Two channel recordings of the ABRs 
 
 
[116]-[117]. The diagram of the two channel recordings of both sided ABRs is 
illustrated in Fig. 3.8. 
 
Beside these two channel recordings, the assessment of hearing function and 
diagnosis can also be performed utilizing the measurement using multiple electrodes 
typically referred to as the multichannel recordings. The ABR is a far field 
differential recording of the electrical potentials reflecting activities of the human 
auditory system. It is typically measured between two exact points on the scalp. The 
sites of the three electrodes used in Fig. 3.1, where the inverting electrode is at the 
mastoid same side of the ear being stimulated, the noninverting electrode is at the 
hairline of the forehead, and the ground electrode is at the temple on the opposite side 
of the ear being stimulated, are suggested since they sufficiently ensure the 
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Figure 3.9.  The electrode placements of the international 10-20 system [103] 
 
The measurements of other auditory event-related electrical activities inside 
the brain referred to as the auditory evoked potentials (AEPs) in additional to the 
auditory brainstem response (ABR, short latency about 10 ms after stimulus) 
including the auditory middle latency response (MLR, latency about 10-50 ms after 
stimulus), the auditory late latency response (LLR, latency about 50-300 ms after 
stimulus), and other event-related potentials of the brain such as P300 cognitive 
auditory evoked potential (CAEP, positive peaks at about 300 ms after stimulus) have 
been of interest in both clinical diagnostic and academic researches [46], [96]-[100], 
[105]-[106]. Although all are very useful, the measurements require different settings 
and environments from those used in obtaining the ABR, which is the most 
commonly and routinely used in most hospitals. 
 
For example, the wave characteristics of MLR are affected by the patient’s 
responsive state and more variable within and between patients [20]-[21], [97]. The 




between the patients; there has been an increased interest in the LLR [96]-[98],[100] 
since the response is believed to be generated from a deeper level within the brain 
that is highly linked to the cognitive function and speech perception ability. The 
measurements hence require very experienced audiologists, longer analysis time, and 
cooperation with the patients. The recordings of the responses especially for those 
with late latencies are performed using multiple electrodes typically following the 
electrode placements of the international 10 to 20 system [103], [12]-[14] as shown in 
Fig. 3.9 of which the locations of electrodes are marked referenced to the underlying 
cerebral cortex. For this electrode caps have been invented for a robust and quick 
measurement from which measurement with a more number of electrodes such as 32, 
64, or 128 have also been utilized whose electrode placements are modified from the 
extension of the 10-20 system [104]-[105].  
  
 The two channel recordings of the ABR and the auditory evoked potentials 
mentioned above are certainly useful for additional detailed diagnosis and for study of 
the underlying mechanism and activities inside the brain in a noninvasive way for 
which an extension of the ear type system is investigated here. The ear type system of 
auditory brainstem response described earlier in the chapter can be extended and 
modified for the simultaneous two channel recordings of the ABRs and the multiple 
electrodes recordings of auditory evoked potentials of the brain. The mathematically 
representative neural type system modified from the ear type system of ABR in (3.1)-
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Figure 3.10. The ABRs from two channel recordings 
                                              E(dx(t)/dt) = Av(t) + G + B[u1(t) u2(t)]
T
         (3.9)                              
v(t) = f(x(t))                                                (3.10)             
                   y(t) = [y1(t) y2(t) … ym(t)]
T
 = Cv(t) + d                                           (3.11) 
where u(t) are the inputs consisting of appropriate input signals such as u1(t) is a 1-
vector stimulus to a right ear and u2(t) is a 1-vector stimulus to a left ear and y(t) = 
[y1(t) y2(t) … ym(t)]
T
 are the outputs from each of m electrodes and channels 
analyzed. In (3.10) x(t) is an internal state-type n×1 column vector. The appropriate 
sizes of parameter vectors and matrices are adjusted accordingly: E is a diagonal n×n 
matrix with diagonal entries equal to a constant e, = e×I (I = Identity matrix), A is a 
constant n×n weight matrix, G is a constant n×1 column bias vector, B is a constant 
n×2 matrix, C is a constant m×n matrix, and d are the output bias values.   
 
3.4.2. Example of the Extended Ear Type System  
 In this section, the extended ear type system mathematically represented in 
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Figure 3.11. Simulink model of the extended ear type system illustrative case of 
the two channel recording of ABRs 
Fig. 3.8 is investigated. The ipsilateral (same sided) and contralateral (opposite sided) 
ABRs are both recorded with the stimulus in one ear. As shown in Fig. 3.10, the 
ipsilateral (left) ABR is plotted as a solid line and the contralateral (right) ABR is 
plotted in a dash line with the stimulus sound being in the left ear. The responses 
show normal characteristics and wave latencies within normal limits. The extended 
ear type system is set up through the ABRs using (3.9)-(3.11) in which the input u(t) 














Figure 3.12. The two sided ABRs in the two channel recording with the stimulus 
in one ear simulated from the model of extended ear type system in Fig. 3.11 
  
system identification of the auditory brainstem responses using the modified neural 
network and nonlinear least square search algorithms, the simplified diagram of the 
extended ear type system with the parameters is shown in Fig. 3.11. The responses 
simulated from the model are shown in Fig. 3.12 yielding signals comparable to the 
ABRs in Fig. 3.10. The system is able to capture the overall waveform and important 
waves of the ABRs showing a possibility of the extended ear type system using 
multiple electrodes for identification of the neural activities inside the auditory 
system. The application of the extended ear type system can be also found useful in a 
similar way where the inverse term used for cancellation of any undesired response 
can be incorporated and implemented for alleviating the effects from hearing loss and 






Modeling methods to develop the mathematical descriptions representative of 
the ear type systems are discussed. The auditory brainstem responses that reflect 
activities within the human auditory system differentiating between normal and 
abnormal hearing functions are measured and utilized to assess and characterize the 
individual ear type system. The modification of the nonlinear Hopfield type neural 
network purposefully for modeling of the measured ABRs is implemented. Methods 
and results are given using the data measured from a patient having a unilateral 
sensorineural hearing loss. The ear type systems are set up and trained for estimating 
the system orders and parameters to identify for the optimal ones. The results show 
the simulated responses in good agreement with the measured ones. The investigation 
of the ear type system using an artificial neural network can reasonably simulate the 
human auditory system. The selection of the system with nonlinear dynamical neural 
network structure is probably more appropriate than other system structures, such as a 
linear ARMA filter, since the underlying anatomical organs and their mechanisms 
giving rise to the auditory brainstem response are beyond those of the inner ear. The 
responses reflect the activities within the peripheral auditory system and central 
nervous system inside the brain where there are many complex networks of auditory 
neurons, nerves, and fibers connecting together to send and receive the signals for 
sound perception and interpretation. The developed system is able to capture the 
changes in hearing function of normal and impaired characteristics through the 
measured auditory brainstem responses. The noninvasive characterizations of the 




hearing loss and disorder have been achieved in this chapter from which noninvasive 
























Noninvasive Correction of Auditory Disorders  
 
 Modeling of the auditory brainstem response is investigated in Chapter 3 from 
which a new noninvasive correction method is proposed and investigated in this 
chapter. The detailed discussions on the following topics are presented. 
1. A scheme for a new noninvasive method for correction of the auditory loss 
and disorder 
2. Methods for developing a system for making the correction by utilizing the 
inverse artificial neural network 
3. An application of the proposed correction method and the derived inverse 
artificial neural network to a simple problem for illustration of the use of the 
inverse neural network.  
4. The simulations and results of the method by simulating on the model of the 
same patient with a unilateral hearing loss. 
5. Discussion on result evaluation, potential benefits and performance analysis of 
the proposed noninvasive correction method to be implemented as an assistive 






4.1 Concept of the New Noninvasive Assistive Device  
 A new noninvasive scheme for correction of auditory loss and disorder is 
investigated from the valuable usefulness of the auditory brainstem response (ABR) 
as assessment and diagnostic tools in clinical evaluation of hearing function and 
hearing disorder as well as in ear and hearing researches. The many advantages of the 
ABR include the following examples. It can be used to assess and gain insights into 
the functions and characteristics of the central auditory nervous system in addition to 
those of the cochlea typically tested in other hearing diagnostics. Its objective way of 
performing and making the hearing evaluation is especially useful for testing hearing 
of children. Its waveforms and characteristics are highly stable regardless of the 
patient responsive states and also are less variable within and between the patients. 
The ABRs are therefore easy to be identified and the normative criteria of their wave 
characteristics can be set up and compared against the individual measured responses 
for hearing evaluation and hearing loss and disorder diagnosis. Its noninvasive way of 
recording the evoked potential reflecting the activities of auditory neurons within the 
human auditory system that is more likely to be related to the underlying speech 
perception and interpretation processes inside the brain such that the correction 
technique investigated in the dissertation possibly results as an improved way of 
correcting and compensating for the auditory loss and disorder yielding a better 
hearing aid.      
 
The technique for noninvasive correction of the auditory loss and disorder is 
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Figure 4.1.  The noninvasive correction concept  
 
 
implementation of a system for making a correction as a new type of hearing aid. 
Differentiation between normal and impaired ears and their hearing functions and 
characterization of the effects from the hearing loss and disorder have been made 
possible through the use of the ABRs which allow for evaluation of the hearing loss 
and disorder and determination of the internal pathology of the human auditory 
system. The ear type systems representing these normal and impaired characteristics 
were realized using the modified artificial neural network in system identification 
step showing the satisfying results as per Fig. 3.6 from which the correction technique 
is investigated. The technique utilizes the ear type system of the patient with a 
hearing impairment from which another system inverse to it can be developed by 
deriving the inverse of the nonlinear neural network representative ear type system. 
Therefore cascading the inverse and original neural networks yields the identity 
output in theoretic and possibly with some delay in practical application. To form the 
corrector system for making a noninvasive correction of the undesired effects, the 
inverse system is proposed to be used in combination with the ear type system of 




criteria or the characteristics of the opposite ear in a case of the unilateral (single-




4.2.1 Neural network and its inverse system 
 The modification of the nonlinear neural network adapted for system 
identification of the ear type system of the auditory brainstem response measured in a 
single channel recording provided in the dissertation. The ABR on the same side of 
the ear being stimulated is measured one at a time discussed in Section 3.1 for which 
the ear type system is developed as present in (3.1)-(3.3) is reprinted in (4.1)-(4.3).  
                                        E(dx(t)/dt) = Av(t) + G + Bu(t), x(0) = x0 (4.1) 
                                                    v(t) = f(x(t))  (4.2) 
                                                    y(t) = Cv(t) + d                                            (4.3) 
where u(t) is an input signal, y(t) is an output signal, x(t) is a vector of n internal 
neurons, and A[n×n], B[n×1], C[1×n], d[1×1], E = [e×I][n×n], and G[n×1] are vectors and 
matrices of parameters that are characterized for the individual system by using the 
ABRs measured from the individual patient. The nonlinear activation function f(.) is a 
hyperbolic tangent and E is a diagonal matrix with entries equal to a nonzero constant 
e, E = e×I where I is an identity matrix. All parameter values are real. The inverse of 
the original modified Hopfield type neural network is to be derived whose output is 




network was motivated by the simple and useful techniques in [89]-[90]. However, 
higher dimensional networks with interdependent internal neurons and different 
arrangement of the inverse and original networks are needed for the ear type systems 
making the inverse problem more complicated. To find the inverse of the original 
nonlinear neural network with mathematical expressions in (4.1)-(4.3), the concepts 
of the inverse and converse systems from the linear system theory - state space 
approach [91] are utilized. The concepts for finding the inverse by using the 
equivalence of the input and output pairs of the original and inverse systems [91] and 
the approach to avoid the need for vector and matrix inversions are applied by using 
the differentiation of the output from the original system [92] as the input to the 
inverse system in the nonlinear case. Using the theoretical analysis of the inverse and 
converse concepts, the inverse of the state space system, F,  
                                                                  y = F(x; u) (4.4) 
exists when for every state of the original system there exists a state of the inverse 
system such that      
                                                           Finv(xinv, F(x; u)) = u                            (4.5). 
Finv is an inverse of F where u is the input of the original system and y is the output of 
the original system. The original and inverse systems exhibit the equivalency of the 
input and output. The input to the original system is equivalent to the output from the 
inverse system in theoretical result.  
 
The applied techniques utilizing the converse concept and the differential 




a transfer function and the invertibility of parameter vectors and matrices. This is 
especially useful in the case of a system of neural network architecture with multiple 
layers. It is also applicable to a system identification using an artificial neural network 
whose numbers of output signals, [y(t)]m×n, are less than numbers of internal neurons, 
[x(t)]n×1. For example, as in (4.3) for a single output, C is a vector of dimension 1×n 
where 1<n which has only one sided inverse if its inverse exists [93]. From the 
developed nonlinear ear type system with the modified neural network structure 
mathematically represented in (4.1)-(4.3), the inverse of the ear type system can be 
derived by differentiating the output from (4.3),   
                                        y′(t) = dy(t)/dt 
                                                = C[dv(t)/dt] 
                                                = C[(∂fx)I][dx(t)/ dt] (4.7) 
where ∂fx stands for ∂f(.)/∂x, C is a 1×n vector, [(∂fx)I] is written as a n×n diagonal 
matrix, and [dx(t)/dt] = [dx1(t)/dt … dxn(t)/dt]
T
. Substitute dx(t)/dt from (4.1) in (4.7)  
and rearrange to get u(t), 
                                 u(t) = (C[∂fxI]B/e)
-1{(y′(t)) – (C[∂fxI]/e)(Av(t) + G) } (4.8) 
where B is a n×1 vector and e is a constant entry of a diagonal matrix E so a term 
(C[∂fxI]B/e)
-1 
is hence a scalar value. The term A is a constant n×n matrix, G is a 
constant n×1 vector and vi(t) is a nonlinear function of xi(t). Hence, (4.8) returns a 
scalar signal. Substituting (4.8) in (4.1) yields (4.9) and the inverse of the original 
nonlinear neural network in (4.1) - (4.3) can be written as (4.9) – (4.11), 





                             Edxinv(t)/dt = {A - B (C[∂fxI] B/e)
-1
(C[∂fxI]A/e)} vinv(t) 
                                                      + G - B(C[∂fxI] B/e)
-1
(C[∂fxI]/e) G 
                                                      + B(C[∂fxI] B/e)
-1
 uinv(t),           
                                                                                           xinv(0) = x0  (4.9) 
                                      vinv(t) = f(xinv(t)) (4.10)        
                          yinv(t) = – (C[∂fxI]B/e)
-1
(C[∂fxI]A/e) vinv(t)  
                                          – (C[∂fxI] B/e)
-1
(C[∂fxI]/e) G 
                                                      + (C[∂fxI] B/e)
-1 
uinv(t)  (4.11) 
where (C(∂fxI)B/e)
-1
 ≠ 0 to avoid divided by zero terms, xinv(t) is an internal state of 
the inverse network, uinv(t) is an input to the inverse network, yinv(t) is an output of 
the inverse network, and the parameter vectors and matrices: A[n×n], B[n×1], C[1×n], 
d[1×1], E = [e×I][n×n], and G[n×1] are of the original network. Given the input u(t) to the 
original network, we can achieve the output from the inverse network, yinv(t), which 
returns u(t) as well, yinv(t) = u(t), so the inverse is completed. Cascading the inverse 
and original networks gives the identity result. 
 
4.2.2 The system for noninvasive correction 
 The system for noninvasive correction of the unwanted effects from the 
auditory loss and disorder can be constructed by using the inverse system 
mathematically represented in (4.9) – (4.11) which is derived from the ear type 
system of the patient with hearing impairment developed earlier in Chapter 3 and the 
normal ear type system which can be parameterized using the normative criteria of 
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normal side in a case of the one sided hearing loss. The simplified diagrams of the 
methods are shown in Fig. 4.2.  
 
The proposed noninvasive technique is aimed to correct the unwanted effects 
from the auditory loss and disorder. It should be able to adjust and modify the input 
sound to the ear such that the characteristics of the auditory brainstem response can 
be transformed into the normal ones. The corrector system using the proposed 
noninvasive way of correction can then be developed into an alternative hearing aid. 
 
4.3 Application to a Simple Example 
 In this section a simple example is given for illustrative purpose. An original 
neural network and its derived inverse neural network given as an example in this 
section are of the same structure as the ear type system proposed in the dissertation 
and developed in Chapter 3 but with smaller network dimension for simplified 
analysis and calculation. The simplified original artificial neural network has two 
network layers, two internal neurons in the first layer with the hyperbolic tangent 
activation functions, and one neuron in the second layer with a linear activation 
function. The simplified original network is shown in Fig. 4.3(a) with mathematical 
representatives described by (4.12) – (4.14). The inverse of these representatives of 
the original neural network is derived following the methods given in Section 4.2. 
The mathematically representative inverse network is presented in (4.15)-(4.17) and 
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Edxinv(t)/dt = {A - B (C[∂fxI] B/e)
-1(C[∂fxI]A/e)}vinv(t)
+ G - B(C[∂fxI] B/e)
-1(C[∂fxI]/e) G
+ B(C[∂dfxI] B/e)
-1uinv(t),          
vinv(t) = f(xinv(t)) 
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Figure 4.4.  Results from the original and inverse networks of Fig. 4.3 for two 
different orders of cascade  
 
The simulations are performed on the two networks set up in Simulink. The 
original network is fed with a input signal, u(t), which is a sine wave of amplitude 1 
and frequency 1 rad/s. Cascading the original and the inverse networks, an output, 
y1(t), from the original network is taken to be an input, uinv(t), to the inverse network. 




be equivalent to the input of the original network, y2(t) = u(t), as present in Fig 4.4(a). 
By switching the order of the two neural networks, the equivalency of the input and 
output is also obtained as shown in Fig 4.4(b). The derived inverse network is able to 
act as both left and right inverses of the original one which is especially useful for the 
implementation of a noninvasive assistive device.  
 
4.4 Simulation Results on the System of Impaired ABR 
 The ABRs of the same patient with a sensorineural hearing loss in his left ear 
measured at the hospital discussed in Section 3.3.1 is used through out the 
dissertation for consistency as previously utilized in Chapter 3. The ear type systems 
characterizing the normal and impaired behaviors are developed. From the system of 
the impaired characteristics, the proposed correction method is applied. The system 
that is inverse to the impaired left ear system as presented in equations (4.9) – (4.11) 
is set up and used with the system of normal characteristics of which can be 
implemented using the measured data and characteristics of his right ear as the 
desired normative criteria for normal working ear and undamaged auditory system. 
The proposed system for making a noninvasive correction of effects from the hearing 
loss is present in Simulink diagram as shown in Fig 4.5. 
 
The Matlab simulation is done on the Simulink model of the impaired ear. The 
response after the aided impaired ear is shown in Fig. 4.6 where the correction is 
applied. The desired normal type response as the one measured from his right ear 






Figure 4.5.  Simulink diagrams of the corrector system based on the proposed 
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Figure 4.6.  The response from simulation on the impaired ear type system with 
the proposed corrector system  
 
system as per Fig. 4.5 can be developed into the new type of assistive device alternate 
to the conventional hearing aid that can produce the auditory brainstem response with 
desired characteristics within normal limits potentially correcting the unwanted 
effects from auditory loss and disorder and resulting in improved hearing and better 
speech perception. 
 
4.5 Result Analysis and Evaluation on Potential Benefits and 
Performances  
  The noninvasive correction method of auditory loss and disorder effects is 
proposed and the system for making a correction is developed earlier in the chapter. 
Promising simulation results on the system of the impaired ear show auditory 
brainstem responses with improved characteristics to normal types as shown in Fig. 




discussed in Chapter 5 leading to a possible implementation of a new type of hearing 
aid hardware based on the proposed method. To evaluate the performance of the 
proposed correction method and the potential effectiveness as an actual hearing aid, 
additional simulations and results are discussed and some aspects are compared with 
the signal processing techniques used in the conventional analog and digital hearing 
aids. 
 
4.5.1 Comparison of the ABRs from the conventional and proposed 
hearing aids   
 The ABR has been clinically used and well established as a reliable tool for 
auditory function assessment and diagnosis by evaluating its temporal waveform 
characteristics. The response measured from the patient is compared against the 
established normative values and standardized templates. The particular advantages 
of the ABR include the nature of the response that reflects the neural signal 
processing of sound inside the human auditory system and the objective way of the 
measurement that can be used in infants, young children, and difficult-to-test patients. 
It is also useful as a tool for monitoring the human auditory system integrity during 
surgical procedures [25]-[26]. Currently, the measurement of the electrical nerve and 
neuron responses such as the auditory brainstem response or other electrophysiologic 
signals have not been widely utilized and incorporated into the development of new 
signal processing schemes for hearing aids. The evoked responses are, however, 
found helpful in the fitting process of the conventional hearing aids for very young 




conventional hearing aids [27]-[30], [94]-[100]. By comparing the evoked responses 
recorded from a patient without and with an aid on, the hearing aid gain is 
consequently set based on the presence, absence, or improvement of the measured 
ABR wave characteristics.  
 
In fact our proposed correction technique is supported by the findings from 
these fitting approaches which share the common underlying principle of the 
correlation between the measured auditory evoked responses and the auditory 
perception. Normal type responses are indicators of normal working hearing function 
and normal speech perception. The use of ABR is incorporated into the signal 
processing of our proposed hearing aid whose section for making a correction and 
cancellation of the unwanted effects from the auditory loss and disorder is designed to 
modify the input sound to the ear which in turn yields the auditory evoked response 
with normal characteristics. By utilizing our proposed method that allows direct 
cancellation of the unwanted effect as part of the signal processing scheme of the 
proposed hearing aid, the simulated ABRs on the model of impaired ear with the 
proposed hearing aid thus show clearer correction of the waveform. The ABR 
characteristics obtained from our results are closer to normal which generally agree 
with the past findings of the ABRs recorded from the patients while wearing the 
conventional hearing aid [29]-[30]. However, the response from our proposed hearing 
aid of which the use of ABR is incorporated into the signal processing schemes shows 






Figure 4.7.  The ABRs recorded from (a) patient A in the unaided condition, (b) 
patient A in the aided condition showing the improvement of responses after the 
amplification, and (c) patient B, whose ABR in the unaided condition cannot be 
detected, showing responses in the aided condition (selected figures with 
comparable dB from [30, p.52] with permission from Wolters Kluwer Health) 
 
obtained from the hearing impaired subjects while wearing the conventional hearing 
aid as shown in Fig. 4.7 from [30].  
 
Although, the appearance of ABR and improved waveform morphology can 
be detected by increasing the amplification of the conventional hearing aid, despite 
the unreliable or no responses at all in the unaided conditions, the estimated hearing 
threshold obtained from the aided and unaided measurements require specific 
correction factors at each of the test frequencies which can result in under or over 
amplifications. Also, there can be an interaction between the hearing aid equipment 






Figure 4.8.  The ABR data from a patient with suspected hearing loss in the left 
ear: (a) the ABR of the left ear with delayed latency and waveform morphology 
confirming the hearing loss (from measurement), (b) the ABR of the normal 
working right ear with characteristics within normative references (from 
measurement), and (c) the ABR of the left ear after the proposed hearing aid 
system (from simulation). 
 
 
other artifacts that give rise to the inaccuracy limiting the application of these aided 
and unaided approaches for conventional hearing aid settings [96]-[98]. Nonetheless 
the conventional hearing aids are all based on the increase of the sound volume at 




models may include added-on features such as directional microphones for better one 
to one conversation [37], the ability of our proposed hearing aid introduced in this 
dissertation to make a correction in a noninvasive way is worth further investigation. 
  
 The proposed hearing aid system can be implemented utilizing signals from 
other electrophysiologic measures as well, for example, the late latency response 
(LLR), also known as the auditory cortical responses, which reflects the auditory 
activities deeper along the auditory pathway inside the brain. However, the steps 
required for measuring the LLR are more complicated and difficult. The increasing 
interest in these electrophysiologic signals such as the ABR or the LLR arises from 
their clinical usefulness assisting in the evaluation of the hearing aids for infants [96]-
[97], [100]. In a way it is possible to infer that the correction made at the signals 
obtained from deeper level along the auditory pathway including the central nervous 
system inside the brain has potentially taken into account the underlying sound 
perception mechanism which might provide extra advantages and more benefits for 
the patients.    
 
4.5.2 Comparison of signal processing by the conventional and proposed 
hearing aids 
 
To compare other aspects and learn more about what modifications of sounds 
and signals are implemented by a new hearing aid based on the proposed correction 




available data of the conventional hearing aids. The results from the ear type systems 
and corrector system of the same patient with unilateral hearing loss are analyzed for 
consistent comparisons. The patient has a sensorineural hearing loss in his left ear 
whose ABRs have been measured from which the systems proposed for making a 
correction of these detected effects from the hearing impairment have been developed 
and discussed earlier in the chapter. 
 
First, the signals are analyzed at the input and output of the proposed aid 
system to see the effects of the method on the signals and calculate the gain curve of 
the new hearing aid. The block diagram of the noninvasive correction is shown again 
in Fig. 4.9(a). The auditory input used in the dissertation for measuring the evoked 
potentials of the auditory brainstem is the click stimulus whose theoretical frequency 
spectrum is broad, ideally stimulating the whole working region of the cochlea. Also 
the abrupt onset of the click temporal waveform can evoke synchronous activities and 
firings of more auditory neurons than an input with less abrupt onset, such as 
frequency specific tones [12]-[14]. The frequency spectrum of the acoustic click input 
obtained by using the Fast Fourier Transform (FFT) is presented in Fig. 4.9(b). By 
monitoring the signals at the output of the proposed aid system, the properties of the 
hearing aid can be analyzed. The frequency spectrum at the output of the corrector 
system is presented in Fig. 4.9(c). Following the results of this patient, the simulated 
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Figure 4.9.  Analysis of the signals in frequency domain   
 
The full-on (maximum volume setting [36]) gain curves from the 
commercially available hearing aids are presented for illustrative purposes in Fig. 
4.10 [101]-[102]. The figures show that the proposed corrector system for this patient 
with his hearing loss is also capable of providing comparable amplification as those 






Figure 4.10.  Samples of the gain curves of two different commercial digital 
behind-the-ear hearing aids: (a) standard model from [101] and (b) more 
advanced model from [102] (with permission from Phonak, Inc., USA.) 
 
input gets amplified evaluated in the frequency domain which give rise to an 
application of the proposed correction method to be used assisting in the prescription 
and fitting processes instead of adjusting the gain per a limited number of frequency 
bands tested with the pure tone audiogram currently utilized in the conventional 
hearing aid prescriptions and distributions which can result in over- or under-
amplification of the aid, also discussed earlier in Section 2.3 Fig. 2.4. The proposed 
hearing aid developed based on the correction technique can serve as the desired 
settings and characteristics of the hearing aid that potentially stimulate the auditory 
system yielding the auditory brainstem response with normal characteristics. The idea 
to use the ABR as the main criteria to set the gain of conventional hearing aids was 
also mentioned in [22] but no further literatures on the topic were found. The uses of 




researches [96]-[98],[100] have shown successful results on these electrical signals 
measured from the brain to determine the hearing improvement on the patients.   
 
 From Fig. 4.10, we can see that the gains of conventional hearing aids are 
typically cut off around 8000Hz which corresponds to the maximum frequency used 
in standard pure tone measurement and typically presented in speech spectrum. The 
high frequency pure tone audiometry can also be useful for testing the hearing loss 
primarily of high frequencies typically found in the hearing loss due to aging and 
ototoxic medications. The increase of high frequency gain also means the 
amplification of both speech and noise which can limit the hearing aid benefit. The 
problems concerning the internal feedback and distortion at high frequency have been 
resolved by using digital feedback reduction and by using the special ear-mold that 
allows better ventilation [57, pp. 176-201]. To evaluate the effects of this limitation 
on our proposed hearing aid, the data of the signal curves of Fig. 4.9 at frequency 
above 5 kHz are filtered out with a reduction in magnitude of about 40dB to reduce 
high frequency components and mimic those curves of commercially available 
hearing aids of Fig. 4.10. The new filtered gain curve of the proposed aid is shown in 
Fig. 4.11(a). The filtered signals are then simulated on the model of the impaired 
hearing. The ABR output from the model is shown in Fig. 4.11(b) which shows the 
desired signal with normal characteristics similar to the signal previously achieved 
from the simulation of Fig. 4.8(c). This shows that the amplification in the high 
frequency region as previously presented in Fig. 4.9(d) does not make any effect on 
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Figure 4.11.  (a) new filtered gain curve of the proposed hearing aid, (b) the ABR 
of the model of impaired left sided-hearing using the filtered signal (from 
simulation), and (c) magnitude of the signal of Fig. 4.9(c) in a linear scale 
frequency components of the signal to get the ABR are actually very low compared to 
the low frequency components which can be seen in Fig. 4.11(c). The figure is plotted 
using the magnitude of the fast Fourier transform in a linear scale. The other reason 
could be due to the frequency components of ABRs are primarily in the low 
frequency region [127]. Hence the hearing aid gain can be cut off in the high 
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Figure 4.12.  A waveform of a segment of the utterance of sound /a/ in (a) a time 
domain, and (b) in a frequency domain 
(data provided by Professor Carol Espy-Wilson)  
4.5.3 Analysis of the developed neural network representative of the ear 
type systems with speech signal input 
 To further analyze and learn more about the developed neural network of the 
ear type system through the ABR and the proposed system for making a correction 
based on the technique to be implemented as the real hearing aid, the developed 
neural network systems are simulated with speech signal as the input. For this 
illustrative example, the input signal is a segment of an utterance of vowel sound /a/ 
with its temporal waveform as shown in Fig. 4.12(a) and its spectral waveform as 
shown in Fig. 4.12(b). The waveforms show a characteristic of the voiced sounds 
which usually exhibit regular and periodic waves [37, pp.1-17]. The temporal 
waveform has the periodic pattern with a period about 1ms corresponding to the 




frequencies presented dominantly in the low frequency region as shown in Fig. 
4.12(b). An onset click stimulus followed by a 20ms delay of this speech signal is 
used as the input of which the total time lasts about 60ms. The input is then given to 
our neural networks of the ear type systems set up via the ABRs measured from 
normal right sided-hearing and hearing loss affected-left sided hearing of the patient 
as previously developed and presented as the Simulink diagrams in Fig. 3.7(a) and 
(b). The outputs from the simulation are shown in Fig. 4.13(b) and (c) showing the 
ABR wave outputs with some patterned components resembled to those of the speech 
stimulus used to stimulate the systems. Our results from simulations are in agreement 
with the measurements of ABR to some specific speech syllables recorded from 
normal hearing people in the literatures [14, p. 614], [128]-[130] from which they 
stated that the measured ABRs are composed of the transient component and periodic 
frequency following component of which its periodicity follows the temporal 
envelopes of the speech stimulus. The speech stimulus typically used in the 
measurement is the consonant followed by the vowel sound, such as /ba/, /da/, or /ga/. 
The consonant sound with its short duration stimulates auditory neurons with a rapid 
temporal onset reflected in the transient components and the vowel sound with its 
periodic structure is reflected in the steady state components [128]. However the 
periodic frequency following portions of the ABRs from the measurements have 
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Figure 4.13.  Additional analysis using speech stimulus: (a) a speech stimulus of 
Fig. 4.12a used as the simulation for easy comparison, (b) the ABR output from 
the neural network of normal ear type system, and (c) the ABR output from the 
neural network of ear type system with hearing loss 
The ABR output to the speech stimulus from the system of normal hearing type is 
shown in Fig. 4.13(b) which has higher magnitude compared to the output from the 






The proposed noninvasive correction method is discussed in this chapter. 
Since we are able to develop an individual ear type system that can characterize the 
normal and hearing loss-affected functions of the human auditory system through the 
measured auditory brainstem responses, the system developed for canceling and 
correcting these hearing loss effects is investigated. The resulted corrector system can 
be developed in to a new noninvasive assistive device alternate to a conventional 
hearing aid. The noninvasive correction concept is given as well as the technique for 
deriving the corrector system using the inverse artificial neural network. The 
technique for finding the inverse of the ear type system can also be applied to other 
systems with multilayer neural network architectures used in other applications as 
well. For example, this method can be used in a control design where the correction 
technique can be applied to achieve a certain signal or in a speech signal application 
where it is possible to retrieve back a certain input from a known output.  
 
A simple example is given in Section 4.4 for a network with two internal 
neurons for illustration of the method. The simulations on the model of the patient 
with unilateral sensorineural hearing impairment are presented giving satisfying 
results. The chapter ends with discussion on potential benefits and performances of 
the proposed technique when being used as a hearing aid and additional analysis on 
the proposed hearing aid in time and frequency domains and to the speech signal. A 
hearing aid based on the proposed correction technique can potentially provide an 





Circuits for the Proposed Hearing Aid  
 
Characterizations between normal and impaired hearing functions have been 
made possible through the auditory brainstem responses based on which the 
individual ear type system is developed in Chapter 3. A noninvasive way to correct 
these detected effects of the hearing loss and impairment was introduced in Chapter 4 
where the new technique that implements the system inverse to the ear type system of 
impaired hearing function was given. The system for making a correction has been 
simulated showing satisfying corrected responses (see Fig. 4.8). A possible hardware 
design of a new assistive device based on the noninvasive correction technique can be 
developed of which circuit design and realization are investigated in this chapter 
including the following topics. 
1. A framework for designing the circuit from the hearing aid system. The design 
and parameter scaling of the corrector system suitable for circuit implementation 
are given as the basis steps for implementing the circuits. 
2. A set of transistorized circuits required to complete the system of which the 
bipolar junction transistors (BJT) and complementary metal oxide semiconductor 
field effect transistors (CMOS) are utilized. The basic transistorized circuit 
components constituting the proposed corrector system together with options for 
circuits with variable weight setting capability for possible external tuning and 




The design and realization of the corrector system as the electrical circuits serve 
to show that the investigation of the new assistive device developed based on the 
proposed noninvasive correction technique to be implemented as a real hearing aid 
can be further made possible.  
 
5.1 Overview of Circuit Realization  
From the corrector system developed in Chapter 4, the circuits for the 
assistive device are first designed for the schematic and parameters used. The 
mathematically representative system for making a noninvasive correction, as shown 
in Fig. 4.5 in a Simulink diagram, is first transformed into its representative circuits. 
The parameter scaling of the corrector system is then designed to be suitable for 
appropriate working ranges of the transistors from which the circuits can be built. For 
illustration of the methods and results, the circuits and their parameter values 
investigated in this chapter are based on the data of the patient who has a 
sensorineural hearing loss in the left ear from which two ear type systems 
differentiating between the loss-affected and normal hearing functions have been 
developed through the use of auditory brainstem responses in Chapter 3 (Fig. 3.6 and 
Fig. 3.7); the corrector system based on the proposed noninvasive correction 
technique has been investigated in Chapter 4 (Fig. 4.5 and Fig. 4.6).  
 
5.1.1 Circuit Representatives of the Corrector System 










technique is composed of the ear type system of normal hearing function and the 
inverse system that is derived from the ear type system of abnormal hearing function 
measured and developed through the auditory brainstem responses (ABRs) of the 
patients. The corrector system based on the proposed noninvasive correction 
technique is to be used as a new type of hearing aid whose circuits are investigated in 
this chapter to show that the application of the corrector system as a real hearing aid 
is possible. The corrector system for making a noninvasive correction of the auditory 
loss and disorder of the patient as shown in the Simulink diagram of Fig. 4.4 is 
redrawn in Fig. 5.1 with its respective parameters. The mathematically descriptive 
equations of the corrector system given in Chapter 4 are also presented in Fig. 5.1.  
 
The corrector system is constructed from the ear type system of normal 
hearing function and characteristics and the system inverse to the patient’s impaired 
hearing function. In the case of the patient with a one-sided sensorineural hearing loss 
used for illustrative purpose in this dissertation, the ear type system of normal type 
can be set up through the evoked ABR measured with the stimulus to his normal 
working right ear for which the mathematical representatives are expressed in (4.1)-
(4.3) and are reprinted as 
                                        ER(dxR(t)/dt) = ARvR(t) + GR + BRuR(t), xR(0) = xR0  (5.1) 
                                                    vR(t) = f(xR(t))   (5.2) 
                                                  yR(t) = CRvR(t) + dR
  
                                            (5.3) 
where uR(t) is a stimulus input signal to the test ear, yR(t) is an output signal, xR(t) is a 




eR[1×1], and GR[n×1] are scalar, vectors and matrices of real parameter values identified 
according to the right sided ABR. For the system that is inverse to the hearing loss-
affected auditory system measured through the ABR, this inverse system can be 
derived from the ear type system set up through the measured responses with stimulus 
to the left ear. The mathematically representative inverse system are presented in 
(4.9) – (4.11) and reprinted as  
                      ELdxLinv(t)/dt = {AL - BL (CL[∂fxLI] BL/eL)
-1
(CL[∂fxLI]AL/eL)}vLinv(t) 
                                                 + GL - BL (CL[∂fxLI] BL/eL)
-1
(CL[∂fxLI]/eL) GL 
                                                 + BL (CL[∂fxLI] BL/eL)
-1
 uLinv(t),           
                                                                                           xLinv(0) = xL0    (5.4) 
                                      vLinv(t) = f(xLinv(t))   (5.5)        
                          yLinv(t) = – (CL[∂fxLI]BL/eL)
-1
(CL[∂fxLI]AL/eL) vLinv(t)  
                                          – (CL[∂fxLI] BL/eL)
-1
(CL[∂fxLI]/eL) GL 
                                                      + (CL[∂fxLI] BL/eL)
-1 
uLinv(t)   (5.6) 
where (CL(∂fxLI)BL/eL)
-1
 ≠ 0 to avoid a divided by zero term, xLinv(t) is an internal 
neuron of the inverse system, uLinv(t) is an input to the inverse system which is 
equivalent to the differential of yR(t), uLinv(t) = dyR(t)/dt, yLinv(t) is an output of the 
inverse system, and the coefficients: AL[n×n], BL[n×1], CL[1×n], dL[1×1], EL = [eL×I][n×n], eL  
and GL[n×1] are scalar biases, vectors, and matrices of real values of the original ear 
type system whose parameters are identified according to the left sided ABR signals. 
The corrector system based on the correction technique to be developed into a hearing 





To model the corrector system in circuits, the variables of the corrector system 
(5.1) – (5.6) are realized as the voltages and currents in electrical circuits. The circuit 
design is presented to show a possibility of implementing the correction system as 
hardware. The selection of system variables as voltages or currents does not 
necessary mean the physical relationship of the system variables and the electrical 
signals. For example, an appropriate selection of the representative circuit signal for 
the internal neuron, xi(t), can be the voltage since its differential product can be 
represented as the current signal proceeding from which the remaining representatives 
of the system variables and parameters can be subsequently selected.  
 
In (5.1), the internal neurons, xR(t), are the voltage signals on capacitors with 
values equal to eR. Equation (5.1) can be implemented as a summation of the current 
signals following Kirchhoff’s current law [118]. So all ARvR (t), GR, and BRuR (t) 
terms are equivalent to currents. The variable vR (t) is selected to be a current signal, 
so the term ARvR (t) can be implemented using current mirrors. The bias vector GR 
can be implemented using current sources. The input variable uR (t) is selected to be a 
voltage signal, so the term BRuR(t) can be implemented using CMOS differential 
pairs. 
 
In (5.2), with the internal neurons, xR(t), chosen as the voltage signals and 
vR(t) as the current signals, a hyperbolic tangent term, f(.) = tanh(.), can then be 





 In (5.3) a term CRvR (t) can be represented as a summation of the current 
signals which is conveniently implemented by connecting the wires to the same node 
following Kirchhoff’s current law from which vRi(t) is the current signal and Cv(t) 
can be implemented using current mirrors. A scalar output bias dR can be realized by 
a current source. All currents are then summed and connected to the resistor yielding 
the final output. The output yR(t) is selected to be a voltage signal the same as the 
input uR(t) which also corresponds to the electrical potentials recorded on the scalp 
through the ABR measurement.  
 
Since the mathematically representative inverse system of (5.4)-(5.6) are 
derived from the original system of (5.1)-(5.3), the same representatives of the same 
variables in circuits are applied. The subscript L is referred to the original system set 
up through the measured left sided ABR that exhibits the auditory loss and disorder 
effects for which the noninvasive correction technique will be applied. The variable 
xLinv(t) as the voltage signal, vLinv (t) (vLinv(t) = f(xLinv) = tanh(xLinv(t))) as the current 
signal, uLinv (t) as the voltage signal, and yLinv (t) as the voltage signal. The additional 
terms required for the inverse system seem complicated however they are designed to 
be the scalar gain values when calculated from their matrix elements. The gradient of 
the hyperbolic tangent function requires the multiplier circuits, as shown in Fig. 5.1.  
 
In (5.4), a term ∂fxL is equal to (1-tanh
2
(xiL)) which needs a multiplier to 
implement the square product of the current signals. The entries of term (CL[∂fxLI] 
BL/eL)
-1




terms (CL[∂fxLI]AL/eL)vLinv(t)  and (CL[∂fxLI]AL/eL)GL are also implemented in a 
similar way as the current signals with their respective gains which again can be 
implemented using current mirrors. The internal neuron variables in xLinv(t) are 
represented by the voltage signals on the capacitor with capacitance values eL.  
 
In (5.5) using xLi(t) as voltage signals and vLi(t) as current signals, a 
hyperbolic tangent term, f(.) = tanh(.), can then be implemented with a BJT 
differential pairs. 
 
In (5.6) the entries in (CL[∂fxLI]BL/eL)
-1 
are equal to scalar values for which 
[∂fxLI] is represented as current signals multiplied by their respective gains which can 
be implemented using current mirrors in the same way as the implementations of 
(CL[∂fxLI]AL/eL)vLinv(t)  and (CL[∂fxLI]AL/eL)GL. The final output yLinv(t) to be fed 
into the transducer as part of the hearing aid can then be implemented as a summation 
of all current signals connected to a resistor to simulate the corresponding voltage 
output yLinv(t).  
 
Sections of the circuits of the corrector system to be used as the hearing aid, as 
shown in Fig. 5.1, are given in Fig. 5.2 showing various basic circuit components, the 
outline of the schematic and the circuit representatives of the system variables 
described earlier. For easier comparison, Fig. 5.2 is divided into Fig.5.2a of the 







Figure 5.2.(Part 1)  Schematics for the corrector system of Fig.5.1 consisting of a) 






Figure 5.2.(Part 2)  Schematics for the corrector system of Fig.5.1 consisting of a) 







































wn1 = 8u ln1 = 8u
wn2 = 8u ln2 = 8u
wp1 = 8u lp1 = 8u















Bidirectional current mirror  
Figure 5.3.  Simple CMOS current mirrors 
5.1.2 Basic Circuit Components for the Corrector System 
 The Simulink model for the proposed hearing aid is shown in Fig. 5.1 with the 
schematic in Fig. 5.2. The parameters of the system are to be scaled suitable for 
circuit implementation in Section 5.1.3. Here, the basic overviews of the circuit 
components utilized in the design are given. The simulations are presented using AMI 
1.5um CMOS process technology to realize the corrector system. Vdd is +5V and Vss 
is -5V. 
 
5.1.2.1 Current Mirror for Coefficient Gain Parameters 
The coefficient vectors and matrices required for the corrector system are 
designed to be implemented using current mirrors and as part of current mirror loads 
of the differential pairs, so the parameters of the corrector system for hearing aid 
hardware can be adjusted by varying the gains of the current mirrors. The basic 
CMOS current mirror circuits are shown in Fig. 5.3. Two PMOS or NMOS transistors 




equations of the drain currents of the transistors operating in the saturation region can 
be expressed as [122, p.371] 
                                                  IM1 = βM1(VGS1 – VTH1)
2
(1+λVDS) (5.7) 
                                                  IM2 = βM2(VGS2 – VTH2)
2
(1+λVDS) (5.8) 
where VGS is the gate-source voltage of the transistor, VTH is the threshold voltage of 
the transistor, βMni,Mpi = (Kn,p/2)(Wi/Li) and λ is the term accounting for the channel 
modulation effect. The transconductance parameter Kn,p is equal to µn,pCox where µn,p 
is a mobility coefficient of electron or hole and Cox is the gate oxide capacitance per 
unit area. The aspect ratio of the transistor is Wi/Li where Wi is the channel width and 
Li is the channel length. According to (5.7) and (5.8), since VGS1 = VGS2, the 
relationship between IM1 and IM2 is equal to 
                                              IM2/ IM1 = (W2/L2) / (W1/L1) (5.9) 
where the channel length modulation is neglected. The same relationship also applies 
to the PMOS current mirror. By adjusting the aspect ratios (Wi/Li) of the transistors, 
the desired current gains can be achieved. The current mirrors can also be used for 
carrying the currents to various points of the circuits. Since some of the variables in 
the developed corrector system for hearing aid have both positive and negative 
values, the bidirectional current mirror is required which can be implemented by 
using both PMOS and NMOS current mirrors to carry the bidirectional signals.   
 
5.1.2.2 CMOS Differential Pairs for Signal Type Conversion 












































































Figure 5.4.  Basic CMOS Differential pairs  
 
CMOS differential pairs as shown in Fig. 5.4 [120]-[121]. The currents of transistors 
operating in the saturation region neglecting the channel length modulation are  
                                  IMn1 = β(VGS1 – VTH1)
2
                                             (5.10) 
                                              IMn2 = β(VGS2 – VTH2)
2
                                              (5.11) 
The summation of these two currents is equal to the tail current IT of the transistor 
Mn5,  
                                               IT = IMn1+ IMn2                                                          (5.12) 
By connecting the current mirrors, the output from the differential pairs is taken to be 
Iout = IMn2 – IMn1 which is a function of the voltage difference Vid =  VIn+ - VIn-, 





βVI −=                                         (5.13). 
The differential pairs with current mirror loads can be used to represent a linear 
voltage to current converter for small differential input signals, (Vid)
2
 << 2IT/β. The 
additional current mirrors are added at the output of the differential pair in order to 




term for the corrector system where the equivalent input signal uR(t) is taken to be the 
voltage and BR =[bR11 bR21 …bR61], the current mirrors with the gains bR11, bR21, …, 
bR61 are utilized so the same setting of the differential pair can be used and the 
parameter values can be set through current mirrors. An example of the current 
output, Iout, from the voltage input, Vid=  VIn+ - VIn-, is shown in Fig. 5.4.  
 
5.1.2.2 BJT Differential Pairs for Hyperbolic Tangent Function 
The hyperbolic tangent function, tanh(x), of the system is realized with the 
differential pairs using the BJT transistors Q1 and Q2 in place of the transistors Mn1 
and Mn2 in Fig. 5.5, as shown in Fig. 5.4. We take advantage of an exponential 
relationship between a current and a voltage of the BJT to implement the function 
tanh(.). The emitter currents of the two matched transistors Q1 and Q2 are 






−=                                         (5.14) 






−=                                         (5.15) 
where IS is a saturation current of the transistor, α is a constant value of the transistor 
which is close to 1, VB is the voltage at the base, VE is the voltage at the emitter, and 
VT is the thermal voltage which is approximately equal to 25mV at room temperature. 
The summation of these two currents is equal to the tail current of the transistor Mn5,  
                                                    IT = iE1+ iE2                                                        (5.16).  
By connecting the current mirror loads, the output from the differential pairs is taken 
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Figure 5.5.  Basic BJT Differential pairs 
 
 










=                                             (5.17) 
which is also equal to ITtanh(-Vid/2VT). The BJT differential pairs with the current 
mirror loads and the respective input voltage to voltage gain block can be used to 
represent a hyperbolic tangent function, f(.) = tanh(.) needed for the corrector system. 
An example of the output current from BJT differential pairs is shown in Fig. 5.5. 
Beside BJT differential pair, the hyperbolic tangent function can also be realized 
using the CMOS differential pair of Fig. 5.4 working in a sub-threshold region 
(VGS<VTH) in which the current expresses a similar exponential function of the 
voltage [126, p.172] as 
                                                )e(eeII TDBTSBTGB
/VV/VV/VKV
0DS
−− −=                         (5.18). 
I0 is the sub-threshold current factor, K is the sub-threshold factor and VT is the 
thermal voltage. 
 





























































































Figure 5.6.  (a) The transresistor circuit consisting of two transistors in [123], (b) 
the voltage to voltage component circuit, (c) transistor circuit, and (d) simulated 
voltage to voltage gain output 
The circuit for current to voltage converter is utilized for conversion of the signal 
types for example the input voltage gain block of the BJT differential pair can be 
realized from the combination of the voltage to current converter using differential 
pair and the current to voltage converter or the current to voltage converter at the 
output of the system. For the current to voltage circuit, two MOS transistors designed 
for the transresistor circuit in [123] as shown in Fig. 5.6(a) can be used. The 
transresitor consisting of two transistors operating in the saturation region can be 
utilized giving the output resistance R. From Fig. 5.6(a), 
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Figure 5.7.  (a) Current squaring circuit and (b) current multiplier circuit 
                                  R = Vo/Iin = Vo/(I2-I1) = 1/(2(Kn)(W/L)n(VDD - VTH))         (5.20). 
An example of the voltage gain block using the differential pair and the transresistor 
circuit that can be used as the input voltage to voltage gain block with a gain value of 
(1/2VT ≈ 0.05) to be used with BJT differential pair for realizing a tanh function is 
shown in Fig. 5.6(c) and (d). 
 
5.1.2.5 Current Multiplier Circuit for Signal Multiplier and Divider 
The current multiplier circuits are based on the four quadrant current 
multiplier of [124] implementing from the current squaring circuit as shown in Fig. 
5.7(a). The transistors are connected in the translinear loop. Using Kirchhoff’s 
voltage law,  
                                    VGS1 + VGS2 = VGS3 + VGS4                       (5.21)  
All transistors are assumed identical and operating in saturation region, hence (5.21) 
equal to 




                                                    4321 IIII +=+                                      (5.23) 
The currents I1 and I2 are each equal to IB, hence, 
                                           B43 4III =+                                                       (5.24) 
                                                  I3 + I4 = 2IB + (I3-I4)
2
/8IB                                      (5.25) 
The current mirror composed of Mn5 and Mn6 yields Iin + I2 + I3 = I1 + I4 where I1 
and I2 are equal to IB, so the output of the squaring circuit is equal to 
                                                       Iout = 2IB + I
2
in/8IB                                            (5.26) 
To implement the current multiplier, two current squaring circuits are connected as 
shown in Fig. 5.7(b). The output of the multiplier is therefore equal to  
                                                     Iout = Iout1 – Iout2                                                  (5.27) 
                                                           = 2IB + (Iy+Ix)
2
/8IB - 2IB - (Iy-Ix)
2
/8IB          (5.28) 
                                                           = IxIy/2IB                                                      (5.29) 
which yields the multiplication of the currents Ix and Iy. The simulated output current 
from the current multiplier circuit is shown in Fig. 5.8(a) as an example where the x 
axis is the sweep of current Iy and the y axis is the output current Iout with Ix as the 
secondary sweep. The current divider can also be implemented using the multiplier 
circuit by selecting the currents Iy and IB as the variables and using Ix as the bias 
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Figure 5.8.  Simulated signals from the current multiplier circuit used (a) as the 
multiplier (IB =100uA) and (b) as the divider (Ix=100uA) 
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Figure 5.9.  Constant current source for constant bias 
 
5.1.2.6 Current Sources for Constant Biases 
 The current sources needed for the constant biases of the corrector system can 
also be implemented using the transistors. By connecting the voltage at the terminals 
of the transistor to operate in the saturation region, it can be used to realize the 
constant current bias where the channel modulation effect is neglected. An example 
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Figure 5.10.  A gyrator (a) symbol and (b) inductor circuit [120] 
5.1.2.7 CMOS Gyrator-C circuits for Derivative of Input Signal for the 
Inverse System 
 In order to derive the system that is inverse to the ear type system of impaired 
hearing function, the need for a differentiation of the output from the original ear type 
system is required as illustrated in (4.1)-(4.11). This way allows the direct inverse of 
the system with a single output and more than one internal neurons, y = Cx where C 
is a row vector of 1×n dimension, 1<n, y is the output and x are n-internal neurons. 
Also, it allows for the inverse for both different orders of cascade. Therefore the 
synthesis of the derivative of the input for the inverse system can be achieved through 
the transistorized circuits using a gyrator with the capacitance load [120]. The gyrator 
consists of a parallel connection of two voltage controlled current sources which can 
be implemented using two CMOS differential pairs. The circuits as shown in Fig. 
5.10 result as the two port network of which  
































                                        (5.30). 





























































































Figure 5.11.  The gyrator-C circuits for the differentiation of the signal 
 
used to equivalently realize the inductor where 
                                                 V1 = (C/(gm)
2
) dI1/dt                                            (5.31). 
The circuits and simulated results are shown as an example in Fig. 5.11 using the sine 
current input. The voltage is successfully achieved as the derivative of the input 
signal. The gyrator with C load can then be used at the input of the inverse system for 
which the realization of the differentiation is implemented.   
 
5.1.3 Parameter Scaling of the Corrector System for Circuits  
 The scaling of parameter values of the system for making a noninvasive 
correction of auditory loss and disorder effects is investigated in order to implement 




in (5.1)-(5.6), the scaling of their parameter values can be performed without 
affecting the important input and output signals by determining the dependence of 
each variable and equation from which the appropriate scaling factors for the 
parameters can be applied. For example, from (5.1)-(5.3), the mathematically 
representative ear type system can also be written as  








    (5.32) 
                                                 ṽR(t) = kR3×f(xR(t))   (5.33) 
                                                RRRR d(t)(t)y += v
~C
~
                                            (5.34) 
where RE
~




= kR1×BR. The 
variable v(t), which is a hyperbolic tangent of the neurons x(t), can also be scaled 
where ṽR(t) = kR3× vR(t) = kR3×tanh(xR(t)) by using RA
~
= kR2×AR with kR2×kR3 = kR1 
and  RC
~
= CR/ kR3. The scaling factors are kR1, kR2, and kR3. The method allows the 
scaling of the parameter values into the desired ranges without the changes in the 
desired output signal.  
 
The mathematical representatives of the inverse system, (5.4)-(5.6), are 
derived from those of the original ear type system of (5.1)-(5.3) therefore the 
parameter scaling is also applied in a similar way to the inverse system. From the 
inverse system of (5.4)-(5.6), the scaled system of the inverse system that is derived 
from the original ear type system of the left sided ABR with the hearing loss affected 
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                                                                                                 , xLinv(0) = xL0          (5.35) 
                             ṽLinv(t) = kL3×f(xLinv(t))   (5.36)        
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where LE
~




= kL1×BL. The 
hyperbolic tangent of the neuron xinv(t) can be scaled as ṽLinv(t) = kL3× vLinv(t) = 
kL3×tanh(xLinv(t)) as such LA
~
= kL2×AL with kL2×kL3 = kL1 and  LC
~
= CL/ kL3. The 
scaling factors are kL1, kL2, and kL3. The desired output signal from the corrector 
system to the hearing aid’s user does not change as a result of the parameter scaling 
methods therefore the correction technique and the results investigated earlier in the 
dissertation are kept unchanged. The scaling of the corrector system allows the shifting 
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Figure 5.12.  The top level circuit for the proposed hearing aid to be used with 
the patient 
 
5.2 Designed Circuits of the Corrector System 
A possible circuit for the system for making a noninvasive correction of the 
auditory loss and disorder is designed and realized in this chapter showing the 
possibility of developing the hearing aid from the proposed method. The proposed 
hearing aid is constructed from various basic circuit components as outlined in the 
diagrams in Fig. 5.2. Various basic circuit components designed to make up the 
proposed hearing aid are discussed earlier. The top level of the whole hearing aid 
circuit is shown in Fig. 5.12 of which the sub-circuits with respective scaled 
parameters are presented in Fig.A1-30 in the Appendix section of this chapter. The 
schematics are shown using the hierarchical blocks [119] to make it easy to follow. 
Their respective sub-circuits are subsequently provided which are referenced as the 
names under the hierarchical blocks.  
 
5.2.1 Circuits and Results  




impaired hearing function to see the result. The corrected ABR simulated from the 
model of the patient with left sided sensorineural hearing loss together with the 
designed hearing aid circuit are shown in Fig. 5.13b. The simulated signal shows the 
ABR whose wave characteristics and morphology are transformed toward the normal 
types. The measured normal right sided response is also depicted in Fig. 5.13c which 
is utilized as the desired response in the proposed correction method. There is some 
difference between the ideal desired response and response achieved with the hearing 
aid circuit using mainly transistors as shown in Fig. 5.14 which is due to the offset 
from the biases and some parameter mismatches between the designed system and 
circuits. However the improvement of the ABR toward the desired normal type 
response obtained from the hearing aid circuit gives a satisfying result. The aid circuit 
is able to correct the overall waveform morphology and main waves of ABR as 








(a) Measured ABR without the hearing aid
(b) Simulated ABR with the hearing aid circuitImpaired hearingdetected on the left side
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Figure 5.13.  The simulated ABR with the hearing aid circuit from the model of 
the patient with hearing loss detected on the left sided measurement 
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Figure 5.15. Current mirror circuit with variable gain from [125]. 
5.2.2 Possible Circuits for Alternate Adjustment 
 Most of the parameters required for the proposed hearing aid system are 
designed to be implemented as part of the current mirror circuits as shown in Fig.A1-
A31. As a result the parameters of the system for making a noninvasive correction of 
auditory impairment can be adjusted by simply changing the widths and lengths of 
current mirrors according to their respective parameters for which they represent in 
the circuits. This allows the circuits to be easily pre-adjusted and assigned with the 
new parameter values. Possible alternate circuits with variable gains can also be 
utilized for a more flexible implementation. Current mirrors with variable gain set by 
external voltage or current sources can be utilized. For example, the tunable current 
mirror in [125] can be used as shown in Fig. 5.15a. The transistors M3 and M4 are 
operating in the triode region so by varying the Vbias±Vtune, the output current can be 







 The preliminary circuits of the hearing aid based on the noninvasive 
correction method proposed in this dissertation have been designed and realized in 
this chapter. From the mathematical representation of the proposed hearing aid, the 
variables are taken to be the equivalent voltage or current signals for which the 
counterpart circuit can then be synthesized. The parameters of the hearing aid are 
scaled suitable for circuit implementation using mainly transistors. The designed 
circuit of the proposed hearing aid is able to yield the ABR with improved 
characteristics as the result of the noninvasive correction method. As discussed in the 
previous chapters, the ABR is a reliable technique utilized for gaining access into the 
status of the human auditory system and identifying for the auditory loss and disorder. 
Recent researches on the incorporation of the ABRs and other auditory related 
electrical signals measured from the brain in the hearing aid evaluation [96]-[100], 
the applications of ABRs in the operative procedure to monitor and make sure the 
preservation of the patient’s hearing [25]-[26], the applications of ABRs in cochlear 
implantations [131]-[132], and the worldwide acceptable uses of ABRs as the 
standard for testing the hearing function [12]-[17]. They infer the association between 
the characteristics of the ABR and human’s sound perception and understanding. The 
ABR with normal characteristics generally indicate the healthy auditory organs and 
normal hearing ability. The preliminary circuit given in this chapter shows the 
possibility of developing the system into the hearing aid alternate to the conventional 




method utilizing the ABR is therefore potentially able to correct the effects from 





Summary and Open Problems 
 
6.1 Summary 
 An investigation of a new assistive device for helping people with hearing 
impairment is presented. The assistive device is developed based on the proposed 
noninvasive means to correct and cancel the effects from the auditory loss and 
disorder. The investigation has made use of the auditory brainstem response (ABR) 
which is the electrical potentials measured by using electrodes placed on the human 
scalp in response to an acoustical stimulus in the ear to characterize the developed ear 
type system. The literature review on the ABR and its clinical usefulness is given in 
chapter 2 pointing out the reasons behind the proposed investigated approach and the 
possible validation of the method. In chapter 3, the mathematically representative ear 
type system developed through the measured ABR is introduced utilizing the 
modified nonlinear neural network architecture. Modeling approaches and steps are 
given using the combination of the model order selection, the nonlinear least square 
algorithms, and trial and error simulations. The application of the developed ear type 
system extendable for the multichannel recording of the neural activities of the 
auditory nervous system inside the brain is also explored. The developed ear type 
systems give satisfying results for which the individual hearing function can be 




functions. The ear type system is then applied with the proposed alternate technique 
to correct the effects from auditory loss and disorder in a noninvasive way in chapter 
4. The technique utilizes the ability of the ear type system to capture the effects from 
the auditory loss and disorder for which the cancellation of these effects can be set up 
utilizing the newly derived neural network of the ear type system. The system for 
making a correction is developed and simulated on models of a patient with hearing 
impairment showing the results as an example of the investigation. The system is able 
to transform the characteristics of an ABR from the hearing loss affected to the 
normal desired one. This gives a promising result of the system as the new assistive 
device alternate to the conventional hearing aids to which the potential benefits and 
pertinent aspects are compared at the end of the chapter. A preliminary set of circuits 
for implementing the proposed method into a hearing aid are designed and given in 
the chapter 5. In that chapter are shown satisfying results with Spice simulations of 
the new assistive device.  
 
The investigation gives the new assistive device which can provide the 
alternate noninvasive way to correct and cancel the effects from the hearing loss and 
disorder. By utilizing the auditory brainstem response whose characteristics and 
signals objectively reflecting the auditory activities within the human auditory system 
and incorporating its clinical use in developing the assistive device, these can result in 
an improved means which can greatly benefit to the hearing impaired. It can also be 
used in cases where the patient cannot give rational responsive indications, as in the 




6.2 Open Problems 
The open problems and further applications from this investigation can bring more 
useful researches and interesting results. Some examples are suggested in these 
following areas.  
- The preliminary analog circuit of the proposed assistive device is presented 
from which further improvement on the circuit and implementation of the device into 
the hearing aid can be further investigated. For example, the CMOS transistors 
working in subthreshold region can also be used to realize the nonlinear hyperbolic 
tangent function as already mentioned in Section 5.1.2.2. Also for a more simple way 
of fitting the device for each user or readjusting the hearing aid characteristics over 
time, some sorts of easily adjustable and adaptive circuits such as the current mirrors 
with variable gains adjusted by external voltages in Section 5.2.2 can be incorporated 
into. The proposed assistive device can be developed for use with the transducer 
devices such as microphones and air conduction devices for further subjective 
evaluation of the proposed aid. 
- The further investigation on the temporal delay of the signals simulated in the 
developed neural network of the ear type systems can be further addressed. In 
practical implementation there could be some delays exhibited in the system which 
does not show up in the theoretical set up of our systems which can be due to the 
simulation settings such as a very small sampling time.  
- The simulations of the speech signal as the input to the developed systems 
have been shown in Section 4.5.3, p. 81 which show the results in agreement with the 




these findings can be done to incorporate its findings and usages into the proposed 
hearing aids For example, establishing some similar characteristics of ABRs with 
speech stimulus with a group of people with normal hearing and hearing impairment  
has to be first researched. The results can be very useful since they can be used to 
learn more and simulate the potential benefits of the proposed aid used with speech as 
in everyday conversation and listening environment.  
- The ear type system extendable to the multiple electrodes recording of the 
auditory activities inside the brain. As mentioned in section 3.4, the recordings of the 
electrophysiological signals from deeper along the auditory nervous pathways inside 
the brain, such as the auditory evoked cortical response, require multiple electrodes 
placed on various locations on the scalp. The application of the extended ear type 
system designed can be found useful in a development of a hearing aid where the 
inverse term used for correction and cancellation of any detected responses with 
abnormal characteristics can possibly be implemented. The representative ear type 
system can then set up as a planar mapping of the underlying brain regions giving rise 
to the recorded signals. Any deviation from normal activities and possible disorders 
of the auditory system can be identified from which the noninvasive system to control 
these unwanted effects is possibly set up and applied. This can be useful for 
developing the alternate noninvasive treatment and studying the complex hearing 
function of human. Also it can be useful assisting in the alleviations and treatments of 
some other pertinent disorders and impairments as well. For example, the tinnitus also 
known as the ringing of sound in the ear has been an incurable problem. The research 




tinnitus is believed to be likely generated from mechanisms of the auditory nervous 
system inside the brain rather than from those of the inner ear [107]-[110]. The 
measurements involved include the measurement of magnetic fields such as in the 
Magnetoencephalography (MEG) [31], [111] and the measurement of electric signals 
such as in the Electroencephalography (EEG) [110]-[112]. The signals from various 
points on the scalp can be averaged to pinpoint the exact location of internal damage 
that gives rise to the abnormal behaviors. Also using multiple electrodes, the 
representative system planar mapping of the underlying brain regions could also be 
developed from which the noninvasive system to control the generation of tinnitus is 
possibly realized to cancel and correct the abnormal activities in a somewhat similar 
way to a current treatment utilizing the masking sound and the electrical or magnetic 
brain stimulations to reduce and suppress the tinnitus sound [113]-[115].  
- It is also interesting to apply the investigated method with other 
electrophysiological signals such as the middle latency response and the auditory 
evoked cortical response. Beside the ABR, the use of other signals such as the 
auditory cortical response for young children and babies [96]-[98] are also proved to 
be valuable. Since the standard hearing test and the prescription of the conventional 
hearing aid with the standard pure tone audiogram require decision making and 
subjective responses back from the patients, it can be hard and even impossible in 
cases of children and infants. The ABR is undoubtedly useful and the procedures and 
normative standards have been established and are clinically used today [5]-[6]. The 
characterization of the auditory system and auditory diagnosis through the auditory 




function of the auditory nervous system deeper along the auditory pathway which is 
more likely to be associated with the speech interpretation and hearing process of the 
brain and can yield even more improved assistive device. However, the procedures 
required for obtaining and evaluating the cortical responses are more complex and 
time consuming. Also, there is more variability of the response characteristics 
between patients and within the same patient and also effects from the stimulus for 




















Out to test with 
the system of 
impaired hearing
 (Bad ABR)Fig. A1 Fig. A12  
Figure A.0.  The top level circuit for the proposed hearing aid 
 
 Appendix A of Chapter 5 
Designed Circuits of the Corrector System 
 
The circuits of the corrector system from the proposed correction method are 
designed and presented in this section. The corrector system consists of the system of 
normal hearing function and the derived system that is the inverse of the hearing aid’s 
user ear type system as already discussed in earlier chapters. The example of the 
investigation is given on the models set up from the patient with hearing impairment 
detected through an ABR measured with the stimulus to the left ear. For this case, the 
normal system (Normal) is referred to the ear type system set up through the right 
sided response and the inverse system (InvofBad) is referred to the ear type system set 
up through the left sided response.  The top level circuit for the proposed hearing aid 
is given in Fig.A.0 of which detailed sub-circuits are subsequently shown as indicated 
as the names under the blocks.  
  




circuit representative ear type system of the right sided response with the 
mathematical representative equations with scaled parameters suitable for VLSI 
circuit implementations shown earlier as (5.32)-(5.34) and reprinted as 








    (A.1) 
                                                 ṽR(t) = kR3×tanh(xR(t))   (A.2) 
                                                RRRR d(t)(t)y += v
~C
~
                                            (A.3). 
The circuit realization of this system is already described in Section 5.1.1. The 
schematic is presented in Fig.A2 with the sub-circuits subsequently given. The names 
of the circuits are presented corresponding to the system variables. For example, the 
first row element of (A.1) is equal to eRdxR1(t)/dt = [a11 a21 a31 a41 a51 a61]vR1(t) + G1 + 
B1uR(t) of which its schematic representation is expressed as e1dxR1/dt = Av1 + I_G1 
+ B1uR(t). The similar expressions are applied to the rest of the system variables.  
  
For the system that is inverse to the ear type system identifying the hearing 
impairment, the mathematical representative equations with scaled parameters shown 
earlier as (5.35)-(5.37) and reprinted as 
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   (A.4) 
                             ṽLinv(t) = kL3×f(xLinv(t))                                                          (A.5)        
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From Fig.A.0, the sub-circuit of this inverse system (InvofBad) is shown in Fig.A.12 
with the respective sub-circuits as listed from Fig.A.13-A.31. The system is derived 
from the ear type system with the effects from the sensorineural hearing loss detected 
through the ABR with the stimulus sound to the left ear. The names of the circuits of 
this inverse system are also given corresponding to the system variables with the term 
‘ofBad’ referring to the parameters of the ear type system with the hearing loss and 
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